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HTML Version 


of The Tracker's Handbook vO.5 By DrAvalance/HTD 


Since many people find HTML documents much easier to use than plain text 
we've decided that it would be a good idea to create an HTML version of 
the Trackers Handbook . We used frames and links to let you jump easily 
to other parts of the document . Added some graphics... 

In version 0.15b we've decided to add MOD-Plug support so that you can 
hear your favorite music while browsing through the documents . We though 
that putting one of our tunes would increase the zip size too much. So 
we've decided to let you pick your favorite track and use it . So here's 
what you should do . Pick the file you want to use (it doesn't matter if 
it is MOD , XM , IT , etc. as long as Mod-Plug supports the format) and 
zip it if you like . Rename it to "module.mdz" (don't use capital 
letters) . Under the directory you have the handbook there is a 
subdirectory "mod" . Copy the file there . Now reload the Handbook and 
everything should work fine . (Maybe you need to configure ModPlug so you 
can go to the setup if you right click on it) . Since Version 0.5 we 
stopped the embedding of ModPlug. 

If you found any mistakes in these documents or have any comments please 
drop us a message :-) . 

DrAvalance aka Nephilim_ on Ire-Net 
Howard The Duck 

Please remember that we're responsible only for the HTML conversion of 
the text file . We're NOT responsible for the content of this file . If 
you find any errors in the content please read the intro page . Also , 
comments on the HTML files (and their structure) will be greatly 
appreciated . 

Obviously the HTML version will always come out with a small delay 
because we have to get the text version before we can update the HTML . 

We will try to keep this delay as small as possible (1 or 2 days) . The 

latest version of the Handbook will always be available at this URL : 

http://eanatia.ee.auth.gr/~nalevrid/enf/etracker.html 

You can browse through the latest HTML Handbook at these URLs : 

http://eqnatia.ee.auth.qr/-nalevrid/files/Handbook/Handbook.htm 

http://www,castlex.com/mods/handbook/handbook.htm 


Browser Compatibility : 


Netscape 

Netscape 

Netscape 

work. 

Internet 

Internet 


Navigator 4.5 : Everything Looks Fine . 

Navigator 4.05 : Everything Looks Fine . 

Navigator 3.0 Gold : Everything Looks Fine but the CSS doesn't 
Explorer 4.0 : Everything Looks Fine . 

Explorer 3.0 : Some space characters are shown as rectangles. 
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This can be solved this way : View / Options / Advanced / . Deactivate 

the "Use Style Sheets" option . Now everything looks fine :-) 

Opera 3.21 : Everything Looks Fine but the JavaScript-Buttons and the CSS 
dont work. 

NCSA Mosaic 3.0 : Only the links are shown (!!!) .No text . No frame 
support . I'll see what we can do . 

Lynx : It looks good but try each .htm file individually . No frames , no 
colours , no graphs . Welcome to Unix :-) 

Best Viewed : 800x600 or higher , 256 colors or more. Hyperlinks are 
Italic and Bold. 


Browser Compatibility : 
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Introduction 


The Tracker's Handbook has been written, not as a guide to one specific 
computer or tracker, but to cover every single aspect of tracking, every 
single tracker, and every single machine available ever. It is intended 
to be, when completed, the most comprehensive guide to tracking ever 
made, and a one-stop source of help for every level of tracker out there, 
from total beginners through to seasoned masters. 

It is not intended, however, to replace the other great tracker tutorials 
and FAQ s such as the alt.binaries.sounds.mods FAQ. 

Hopefully I can steer this guide away from any sort of bias, but if any 
occurs, it is only due to my own and any contributors experience and 
preferences. Music style bias is quite likely, but that can only be 
expected, after all, its human nature to like and hate certain styles. 
However, I will not allow any machine, tracker, sampler or player bias 
here, due to the fact that each has it's good and bad points. 

This is an early beta version, with quite a lot unfinished or inaccurate, 
if you have any comments or contributions, or have spotted any mistakes 
don't hesitate to contact me at: - 

E-mail - coolsPviscose.freeserve.co.uk 

WWW - http://www.viscose.freeserve.co.uk 

Post - Matthew Coulson 

16 The Pines 

Cilfrew 

Neath 

SA10 8AL 

Wales 

UK 

Please don't mail me requests for resources like trackers, modules, or 
samples. If I tried to satisfy every request this will never get 
finished, so you'll just be wasting your time. Anyway, there's a list of 
Internet resources at the end, so use that... 

If you want to receive the latest version when it s released, then please 
send an e-mail to "trackershandbook-subscribe@egroups.com" (without the 
quotes of course). 

Cools 

Contributions 


Contributions are badly needed, and any contributors will have their 
names included in the contributors list at the end of the handbook, 
unless you specify otherwise (Even if your contribution doesn't get used 
your name will still appear here, unless you specify otherwise). 

If you want to contribute something, but don't know what, simply search 
for "(Information needed)" for some ideas. Anyone can contribute, no 
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matter how experienced they are. So if you've just started and have found 
out something interesting, then send it in, you may be the only person 
that knows about it. 

Please realise that you can contribute anything - if you don't see it in 
here then send it! 

If I've included some tips or whatever, of yours without your permission, 
and you don't want it to be included, just contact me so we can sort 
something out. Remember that nobody is making any profit out of this... 
One last point, don't send me anything if you want it to remain exactly 
how you wrote it. I WILL edit virtually everything, to keep the same sort 
of style right the way through. 

Distribution 

The Tracker's Handbook is Freeware. This means that you can distribute it 
freely, as long as it stays unmodified. 

It can be included on magazine coverdisks, and on shareware disks etc. 
without the need to pay me or anybody else any fees. I would appreciate 
it if I am notified of its inclusion (a copy of the magazine/disk would 
be nice, if at all possible :v). This will show just how far it has 
spread. 

Feel free to send donations, letters, junk etc. to show your appreciation 
of it if you so wish. You are NOT obliged to send me anything. A 
significant portion of this wasn't even written by me! 


Contributions 
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Beginners 

Help! - What's a Tracker - Choosing a Tracker - Getting Started - 
Ordering vour resources - Let's go - The Effects Commands - 
Sampling - Ripping - Copyright - Releasing - 


Help! I don't know where to start! 

Being at the beginner stage is possibly the most difficult part of 
tracking, and it's where most people give up. The key is perseverance and 
practice. Listen to what others have to say about your initial attempts, 
but only listen if you know you'll get an honest opinion from them. Take 
on board any criticism, and use it to your advantage. Practice makes 
perfect, the more modules you compose, and sampling you do, the better 
you'll get, simple... 

Erm, just what is a tracker? 

A tracker is a piece of software that allows music to be made using only 
a computer and some sound samples. These sound samples are then played 
back at varying pitches and with various effects so as to produce music. 


The musical data used to 
list like form, as shown 

describe how 

below. 

to play 

each 

note 

is arranged 

Note Instrument 

C#5 1 

Volume Effect 

40 

command 

1 

Effect parameters 

01 

C#5 1 40 101 

F-6 2 38 330 

G-3 3 20 

F05 

— 

— 000 

- — 102 

- — 300 

D-2 3 24 

A0F 

C-4 

4 — 472 

C#5 5 — E93 

- — 300 

-3 P0 

A0F 

— 

— 400 


This data scrolls up the screen, and when it passes the cursor it gets 
processed and played. Not all trackers have this same layout; I've used 
FT2 above. 

Trackers produce files called modules, which is usually abbreviated to 
MOD. The term MOD originally meant a SoundTracker module, but over the 
years it has become a generic term for any type of module. MODs are a 
sort of hybrid MIDI/sample file. They contain sequencing information as 
well as the instruments (samples) that are used for playback. 

It's actually quite hard to give trackers and MODs a 'definition' that 
can be understood by everyone. If you have Internet access then do a 
search for 'MOD Trackers' and quite a number of definitions should pop 
up. 
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Choosing a tracker 

May as well start at the beginning I suppose... 

Choosing a tracker to begin with is probably the most important choice 
you can make as you start out, some trackers have extremely difficult 
interfaces to learn. Which, if you are only just starting out and have 
never used a tracker before, pose an extra challenge that will need to be 
undertaken. 

There are six systems with trackers that I know of, classified as - 

• Amiga 

• DOS 

•Windows 3.1/9x/NT 

• Mac 

• Unix/Linux/Sun/NeXT 

• Atari 

Obviously the system you own dictates what you can use, but the Amiga, 
Atari, and Mac based trackers are split up into a few different areas, 
depending on your hardware. 

Whatever tracker you decide on using, before you even start tracking with 
it, be sure to read the manual. Load a few already made modules in so you 
can play around with the various features and find out how they work. 
Spend a day figuring out every feature of the tracker. 

The only way to find out what tracker is best for you is to try out a few 
and then decide. I would recommend that you choose a tracker that 
produces a standard module format for the platform you are producing on 
e.g. if you own an Amiga a MOD based tracker would be a good choice, on a 
PC an IT or XM tracker would be a good choice etc. 

Don't use a tracker just because someone else does, or because it offers 
more features. Choose a tracker for its interface every time. There's no 
point having something hugely powerful but not being able to use it. 


Choosing Hardware 

The basic hardware requirements to track are: - 

A computer - You probably already have one of these. If you don't, then 
how on earth are you reading this! Your computer MUST have some sort of 
digital audio capabilities. If you have an Amiga, Atari, or Mac then you 
should be okay for now. If you have a PC (and by that I don't necessarily 
mean an IBM compatible) without a digital sound card of some description, 
then you're finished before you've even started. Go out and get one now! 

Monitoring Equipment All that s needed is a pair of speakers and/or a 
pair of headphones. Since we're talking about basic requirements here, 
practically anything will do to get you started. 
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Ok, so you've got hold of a tracker that you like the look and feel of, 
the next thing to do is to get hold of some samples and/or modules. These 
should preferably be in a style that you like and be of a reasonable 
quality. Just go to the Internet resources section for a list of places 
to look. If you don't have Internet access, then any local shareware 
libraries or BBS system should be able to sort you out with some. Samples 
are preferable to modules, but it's easy enough to rip the samples out of 
modules. 

Alternatively, you could sample your own sounds, but this can be quite 
difficult to do if you don't know what you generally use or need. As you 
don't yet know how to track properly yet, I would recommend you choose 
which to learn first, tracking or sampling. This will ease the learning 
curve. If you want to learn the key points to good sampling, skip to the 
sampling section. When you've finished that, come back here. 


Ordering your resources 

First of all you'll need to set up a few directories in which to store 
your music stuff. There are many different ways to do this, but I'll 
describe mine for you to have a base to build on. Obviously you don't 
have to follow this. It's just to give you an idea of a structure. 

I use a separate partition or CD-ROM for my music stuff. This brings 
benefits such as easy organisation and security from corruption on other 
disks/partitions. 

The structure of this is as follows: - 


E:\FT2 

\HANDBOOK 
\INSTR 
\IT 

\MODULES 

\MYMODS 

\8-BIT 
\PATTERNS 
\RESOURCS 
\SAMPLES 

\309 
\BASS 
\BRASS 
\BREAKBTS 
\DRUMKIT 


\BASSDRUM 

\CLAP 

\CLOSEHH 

\CRASH 

\MISC 

\OPENHH 

\RIMSHOT 

\SNARE 

\TOM 

\TR-606 

\TR-808 


- Fasttracker II and its utilities 

- The Tracker s Handbook 

- Instruments 

- Impulse Tracker and its utilities 

- Other trackers modules 

- My modules 

- 8-Bit versions of my modules 

- Saved Pattern data 

- Holds tracking guides etc. 

- Hmm, I wonder... 

- Quasimidi Rave-O-Lution 309 

- Brass Instruments 

- Breakbeats 


- Shakers, tambourines 


- Roland TR-606 

- Roland TR-808 
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\TR-909 

- Roland TR-909 

\DSS-1 

- Korg DSS-1 

\FX 

- Sound Effects 

\GUITAR 


\JP8000 

- Roland JP8000 

\JUNO60 

- Roland Juno 60 

\MC-202 

- Roland MC-202 

\PADS 

- Looped synth am 

\PIANO 


\SH-101 

- Roland SH-101 

\SYNTH 

- Synth stabs and 

\VOCALS 


\WIND 

- Wind Instrument: 


\TRACKS 

\UNFINISH 


Saved Track data 
Unfinished Modules 


This allows me quick access to the samples I want (I can remember what 
most of them are called and sound like, damned good memory!). I also 
regularly clean out my sample collection by getting rid of any that are 
bad quality - clipped, noisy etc. Any that I'm unlikely to ever use, or I 
have already used and don't want to use again are also got rid of. 

In every directory there is a text file called DETAILS.TXT. This lists 
each file contained in the directory, along with where I got it from. 

When you have thousands of samples, and you're trying to credit the 
authors, it saves a lot of time and much hair pulling to have the 
information in one place. 

I would recommend you start off by creating some sort of structure, it'll 
stop your disk getting cluttered and enable you to work more efficiently. 
If you're running off floppies then use separate disks for different 
types of samples, and regularly defragment and check for errors (this 
also applies for hard disk owners). 


Let's go 

By now you should have a tracker you're happy with, some samples, and/or 
some modules. You're ready to begin being a tracker. 

I'm going to teach you how to produce a simple tune, and this should 
hopefully guide you as to what you should be doing. 

This can be done in two ways, either in step-time or in real-time. The 
majority of modules are produced in step-time, maybe with a small amount 
of real-time just to see roughly where the notes need to be placed. If 
you have a MIDI keyboard connected to your sound card, then you could use 
that to input the notes. Generally though, due to the harsh amount of 
quantisization that occurs with a tracker you are better off doing it in 
step-time. 

I would recommend that you try producing a few 4 channel modules first, 
use one channel for drums, one for bass, one for lead, and one for 
chords. This should help as you'll always be able to see what's going on, 
on the screen. If you find you do want to use more channels to begin 
with, then by all means go ahead, but bear in mind that most of the great 
tracker musicians today started on 4 channel modules... 


Ordering your resources 


9 



Trackers Handbook - Index 


The best way to learn how to do something is to watch someone else do it. 
This applies to tracking as well. You can learn a lot just from listening 
to the great ones in the scene. If you come up with a tune idea and you 
know what you want it to sound like, it helps a lot to look for a tune 
from one of the masters that sounds similar to what you want to write, 
and listen to their tune over and over again. Look for the things they do 
with their tune that sets that tracker apart from the others in the 
scene, and if you can adapt their techniques into your song in an 
original way, do it. 

Start by writing music that you really like listening to - don't try and 
write an orchestral piece if you don't listen to it - it'll show. 

If you want to make a tune realistic, try to imagine how the instrument 
would be played. Pretend you are a musician when you write a part. Also, 
if you use an instrument such as a piano, try to use more than a single 
piano note - a real piano will have more than one note playing at a time 
- use some chords etc. 

Originally, people used to sample whole chords to save sample space. Now 
we've got these wonderful trackers with gazillions of channels. 
Constructing chords from notes because you have the space to do so gives 
a better and more a professional sound. However, be very careful! If you 
decide to construct a chord rather than use a single sample, some 
musicianship is required. 

Simple major chords are easy, but inversions really add to a piece. If 
you are able to do it this way, you'll get a professional, crafted sound. 
But it does take a long time before you'll get a smooth flowing part. 

For a nice fill to the sound, try to balance the usage of low and high 
frequencies, tunes with too much bass and too little treble sound rough, 
tunes with too much treble and too little bass sound insubstantial. 


The Effects Commands 

By now you should be wanting to experiment with some effects, to make 
your music more interesting and more professional. Before we start, lets 
just get something straight. Effects should only be used when they are 
needed. Using effects just because you can doesn't automatically improve 
the quality of your music. 

This section will only cover effects with letters/numbers that can be 
used in ProTracker MODs. Practically all trackers support these basic 
effects. However many trackers use different letters/numbers to represent 
the same effect, so check before trying anything. If you try an effect 
listed here and it produces a result completely different to how it is 
described here, then consult your trackers manual. 

Effects are typed into the rightmost column of each channel in every 
tracker. They consist of an effect command and a value. Different 
trackers have different letters and numbers for the same effect command. 
But pretty much all of them can work with hexadecimal for the value. If 
you don't know what Hex is, then the following extract, taken from the 
Impulse Tracker manual, should help. 


Let' s go 
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"Instead of using a decimal system (i.e. base 10), it is more natural for 
the computer to work with hexadecimal (often abbreviated to simply 'Hex') 
- numbers which operate in base 16. The first 9 numbers in Hex are 
denoted by '1' to '9' and the next 6 are denoted by 'A' to 'F'. So if you 
count in Hex, it will be as follows: (0), 1, 2, 3, 4, 5, 6, 7, 8, 9, A, 

B, C, D, E, F, 10, 11, 12, 13, 14, 15, 16, 17, 18, 19, 1A, IB, 1C, ID, 

IE, IF, 20, 21, 22, 23, 24, 25, 26, 27, 28, 29, 2A etc. 

To convert a Hex number to decimal, multiply the 'tens' column by 16 and 
add the value of the second column i.e. 32 Hex = 3*16+2 = 50 decimal. 2A 
Hex = 2*16+10 = 42 (because A = 10). The maximum number that you can 
represent with two Hex digits is FF = 255 decimal." 

Let's start with the most basic effect, the Set Volume command: C. Input 
a note, then move the cursor to the effects command column and type a C. 
Play the pattern, and you shouldn't be able to hear the note you placed 
the C by. This is because the effect parameters are 00. Change the two 
zeros to a 40(Hex)/64 (Dec), depending on what your tracker uses. Play 
back the pattern again, and the note should come in at full volume. 

The Position Jump command next. This is just a B followed by the position 
in the playing list that you want to jump to. One thing to remember is 
that the playing list always starts at 0, not 1. This command is usually 
in Hex. 

Onto the volume slide command: A. This is slightly more complex (much 
more if you're using a newer tracker, if you want to achieve the results 
here, then set slides to Amiga, not linear), due to the fact it depends 
on the secondary tempo. For now set a secondary tempo of 06 (you can play 
around later), load a long or looped sample and input a note or two. A 
few rows after a note type in the effect command A. For the parameters 
use OF. Play back the pattern, and you should notice that when the effect 
kicks in, the sample drops to a very low volume very quickly. Change the 
effect parameters to F0, and use a low volume command on the note. Play 
back the pattern, and when the slide kicks in the volume of the note 
should increase very quickly. 

This because each part of the effect parameters for command A does a 
different thing. The first number slides the volume up, and the second 
slides it down. It's not recommended that you use both a volume up and 
volume down at the same time, due to the fact the tracker only looks for 
the first number that isn't set to 0. If you specify parameters of 8F, 
the tracker will see the 8, ignore the F, and slide the volume up. Using 
a slide up and down at same time just makes you look stupid. Don't do 
it. . . 

The Set Tempo command: F, is pretty easy to understand. You simply 
specify the BPM (in Hex) that you want to change to. One important thing 
to note is that values of lower than 20 (Hex) sets the secondary tempo 
rather than the primary. 

Another useful command is the Pattern Break: D. This will stop the 
playing of the current pattern and skip to the next one in the playing 
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list. By using parameters of more than 00 you can also specify which line 
to begin playing from. 

Command 3 is Portamento to Note. This slides the currently playing note 
to another note, at a specified speed. The slide then stops when it 
reaches the desired note. The best way to describe this is to give an 
example. 


C-2 1 000 - Starts the note playing 

- 000 

C-3 330 - Starts the slide to C-3 at a speed of 30. 

- 300 - Continues the slide 

- 300 - Continues the slide 

One thing you can note about this and many other commands are that they 
have a memory. Once the parameters have been set, the command can be 
input again without any parameters, and it'll still perform the same 
function unless you change the parameters. This memory function allows 
certain commands to function correctly, such as command 5, which is the 
Portamento to Note and Volume Slide command. Once command 3 has been set 
up command 5 will simply take the parameters from that and perform a 
Portamento to Note. Any parameters set up for command 5 itself simply 
perform a Volume Slide identical to command A at the same time as the 
Portamento to Note. 

This memory function will only operate in the same channel where the 
original parameters were set up. 

There are various other commands which perform two functions at once. 

They will be described as we come across them. 

The next command we'll look at is the Portamento up/down: 1 and 2. 

Command 1 slides the pitch up at a specified speed, and 2 slides it down. 
This command works in a similar way to the volume slide, in that it is 
dependent on the secondary tempo. Both these commands have a memory 
dependent on each other, if you set the slide to a speed of 3 with the 1 
command, a 2 command with no parameters will use the speed of 3 from the 
1 command, and vice versa. 

Command 4 is Vibrato. Vibrato is basically rapid changes in pitch, just 
try it, and you'll see what I mean. Parameters are in the format of xy, 
where x is the speed of the slide, and y is the depth of the slide. One 
important point to remember is to keep your vibratos subtle and natural 
so a depth of 3 or less and a reasonably fast speed, around 8, is usually 
used. Setting the depth too high can make the part sound out of tune from 
the rest. 

Following on from command 4 is command 6. This is the Vibrato and Volume 
Slide command, and it has a memory like command 5, which you already know 
how to use. 

Command 7 is Tremolo. This is similar to vibrato. Rather than changing 
the pitch it slides the volume. The effect parameters are in exactly the 
same format. 
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Command 9 is Sample Offset. This starts the playback of the sample from a 
different place than the start. The effect parameters specify the sample 
offset, but only very roughly. Say you have a sample which is 8765 (Hex) 
bytes long, and you wanted it to play from position 4321(Hex). The effect 
parameter could only be as accurate as the 43 part, and it would ignore 
the 21. 

Command B is the Playing List/Order Jump command. The parameters specify 
the position in the Playing List/Order to jump to. When used in 
conjunction with command D you can specify the position and the line to 
play from. 

Command E is pretty complex, as it is used for a lot of different things, 
depending on what the first parameter is. Let's take a trip through each 
effect in order. 

Command EO controls the hardware filter on an Amiga, which, as a low pass 
filter, cuts off the highest frequencies being played back. There are 
very few players and trackers on other system that simulate this 
function, not that you should need to use it. The second parameter, if 
set to 1, turns on the filter. If set to 0, the filter gets turned off. 

Commands E1/E2 are Fine Portamento Up/Down. Exactly the same functions as 
commands 1/2, except that they only slide the pitch by a very small 
amount. These commands have a memory the same as 1/2 as well. 

Command E3 sets the Glissando control. If parameters are set to 1 then 
when using command 3, any sliding will only use the notes in between the 
original note and the note being slid to. This produces a somewhat 
jumpier slide than usual. The best way to understand is to try it out for 
yourself. Produce a slow slide with command 3, listen to it, and then try 
using E31. 

Command E4 is the Set Vibrato Waveform control. This command controls how 
the vibrato command slides the pitch. Parameters are 0 - Sine, 1 - Ramp 
Down (Saw), 2 - Square. By adding 4 to the parameters, the waveform will 
not be restarted when a new note is played e.g. 5 - Sine without restart. 

Command E5 sets the Fine Tune of the instrument being played, but only 
for the particular note being played. It will override the default Fine 
Tune for the instrument. The parameters range from 0 to F, with 0 being 
-8 and F being +8 Fine Tune. A parameter of 8 gives no Fine Tune. If 
you're using a newer tracker that supports more than -8 to +8 e.g. -128 
to +128, these parameters will give a rough Fine Tune, accurate to the 
nearest 16. 

Command E6 is the Jump Loop command. You mark the beginning of the part 
of a pattern that you want to loop with E60, and then specify with E6x 
the end of the loop, where x is the number of times you want it to loop. 

Command E7 is the Set Tremolo Waveform control. This has exactly the same 
parameters as command E4, except that it works for Tremolo rather than 
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Vibrato. 

Command E9 is for Retriggering the note quickly. The parameter specifies 
the interval between the retrigs. Use a value of less than the current 
secondary tempo, or else the note will not get retrigged. 

Command EA/B are for Fine Volume Slide Up/Down. Much the same as the 
normal Volume Slides, except that these are easier to control since they 
don't depend on the secondary tempo. The parameters specify the amount to 
slide by e.g. if you have a sample playing at a volume of 08 (Hex) then 
the effect EA1 will slide this volume to 09 (Hex). A subsequent effect of 
EB4 would slide this volume down to 05 (Hex). 

Command EC is the Note Cut. This sets the volume of the currently playing 
note to 0 at a specified tick. The parameters should be lower than the 
secondary tempo or else the effect won't work. 

Command ED is the Note Delay. This should be used at the same time as a 
note is to be played, and the parameters will specify the number of ticks 
to delay playing the note. Again, keep the parameters lower than the 
secondary tempo, or the note won't get played! 

Command EE is the Pattern Delay. This delays the pattern for the amount 
of time it would take to play a certain number of rows. The parameters 
specify how many rows to delay for. 

Command EF is the Funk Repeat command (Huge thanks to T-Jay for this 
info!). The command needs a short loop to work. It moves the loop through 
the whole length of the sample, e.g.: 

You have a sample that is 10000 (decimal) bytes long. You have set the 
sample loop to 0-1000. When EFx is used, the loop will be moved to 1000- 
2000, then to 2000-3000 etc. After 9000-10000 the loop is set back to 0- 
1000. The speed of the loop "movement" is defined by x. I don't know 
exactly how the speed is specified, but E is two times as slow as F, D is 
three times as slow as F etc. EF0 will turn the Funk Repeat off and reset 
the loop (to 0-1000). 

Some information can be slightly wrong, e.g. the loop MAY be moved from 
0- 1000 to 1002-2002, but it isn't important. Very few trackers actually 
support it. 


Sampling 


Theory 

Let's talk about all the business that goes on before a sound ever gets 
to your computer's memory. Sound in the air is continuously changing, and 
when it gets converted to an electrical signal the changes are still 
continuous. Your computer, however, can only store numbers using a 
limited number of digits or precision. Continuously varying sound is 
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called an analogue signal. Once the computer grabs the sound, it doesn't 
have enough precision to store all the information about the sound in 
order to perfectly reproduce it. What the computer has stored is called a 
digital signal representation. 

Your sound card captures information about an analogue sound signal by 
measuring its intensity at a given instant. This corresponds to one 
single point on the waveforms we've been looking at. In order to capture 
an entire waveform, the measurement process must be repeated at a high 
rate, usually thousands of times a second. Since the hardware has limited 
speed and memory capacity, there are only so many points it can capture. 
Any information between those points is lost forever. This process of 
capturing the sound in small intervals is called sampling. 

To play back a sound, we just reverse the process and convert the digital 
samples back to an analogue signal. Of course, the new signal will 
probably retain some of the staircase effect, so the reproduction won't 
be perfect. 

There are four main things to consider when sampling. The sample 
resolution and frequency, amplitude, and copyright (very important). The 
sample resolution is another term for the number of bits a sound is 
sampled at. All trackers can handle 8-Bit samples, and most modern ones 
are able to use 16-Bit samples as well. Sampling in 16-Bit will render 
the better quality sound all the time. 8-Bit samples can be difficult to 
distinguish from 16-Bit samples, if they are recorded with good hardware. 
But most people would advise 16-Bit samples all the time. 

The main problem with a lower resolution is that you are likely to get 
some or a lot of noise, depending on the quality of your source. The only 
trouble with 16-Bit samples is that they are twice as large as 8-Bit 
ones. A good trick to use is to sample in 16-Bit, do all of your editing 
in 16-Bit, compose with 16-Bit samples, then for the release convert the 
all the samples to 8-Bit. You'll find you can halve the size of your MOD 
this way (But make sure you keep a copy of the 16-Bit version). The 
listener may lose a small amount of quality, but this is usually masked 
by the mixing routine of the player. This may also deter some rippers 
from using your samples. 

More important than the resolution of the sample when determining quality 
is the sample frequency. The sample frequency refers to the number of 
"snapshots" of the incoming sound taken per second. The higher the 
sampling frequency, the better the reproduction of the sound is. 

So just how many snapshots do we need? If you look at audio specs much, 
you've seen CD sampling rates of 44.1kHz, or 44,100 samples per second. 
That's a lot of snapshots! A well-known signal processing theorem 
(Nyquist Theorem) says that to accurately reproduce a signal, you have to 
sample at a rate at least twice the highest frequency component in the 
signal. So the CD sampling rate of 44.1kHz will capture frequencies up to 
22.05kHz. 

You might be wondering what happens if you don't sample at a high enough 
frequency. Well, what you get is something called aliasing. This sinister 
sounding term just means that since the sample points aren't close enough 
together, it looks as though you sampled a lower frequency that really 


Theory 


15 



Trackers Handbook - Index 


wasn't part of the original signal. Alias frequencies are like ghosts - 
poltergeists really - you can't see them but they make a lot of noise. So 
by sampling at too low a rate, not only do you miss some of the high 
frequencies; some of them get thrown back into the mix as unwanted guests 
at lower frequencies. They are audible as background noise and 
distortion. 

Monitoring the volume of the incoming sound is vital to produce a good 
quality sample. If your sampler uses oscilloscopes to "view" the sound 
then make sure the waveform gets as close to the top and bottom of the 
window, without flattening out (clipping). If your sampler uses volume 
meters instead you want to get the sample as near to 0 dB as possible, 
without going above. 

Practical 

Okay, you're probably fed up of reading about sampling and actually want 
to do some for yourself. First of all you need some sampling hardware; on 
a PC virtually every sound card in existence can do some sort of 
sampling. On an Amiga or Atari you're going to need some extra hardware 
on top of the built in chips. 

Sample editing isn't really that hard, it's mainly lot of trial and 
error, searching for the precise point where a sound begins and ends. It 
takes a long time before you'll be able to read a waveform like a book. 
This is where tracking scores 100% over MIDI. MIDI samplers will rarely 
have an accurate, easy to see waveform display, and they don't have mice 
either. One of the few reasons I use Windows 9x is for its sample editors 
and a nice high resolution screen. 

Start by centralising, and then normalising the sample. Then, starting at 
the end of the sample zoom in and look for a point on the centre where 
you think your sample ends. Always work from the end first, as any 
computer will find it easier to fill an area of memory with Os than 
shifting a large chunk of memory around. If you re using virtual memory 
this can speed up editing by a huge amount. Zoom back out to the whole 
view, does it look like you've marked the right place, if it does then 
mark from that part to the end of the sample and delete it. Play back the 
sample. If it gets cut off too soon, then either paste the cut part back 
in, or use the undo function built into many sample editors. 

Centralise, and normalise again. This is because the part you chopped off 
may have been off centre and/or louder than the part you want. Zoom in, 
and look for where your sample begins. Cut off anything before that. Play 
the sample to check you cut off the right part, not too much and not too 
little. If you cut off too much, then simply paste the data back in. 

Keep on cutting bits off, and playing the sample back, until it sounds 
how you want it to sound. Do a final centralise and normalise, and save 
the sound to disk. Give it a meaningful name. If the sample was from a 
synthesiser preset or a Sample CD then the name from there would be a 
good choice. If you use a DETAILS.TXT or similar then update it to 
include this new sample. 

Take the time to tune all your samples as accurately as possible. To do 
this, play a long, clear, looped sample, then move to another channel and 
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tune ALL your other samples to this one sample (so they all have the same 
reference). Many potentially excellent modules have been spoilt because 
they were poorly tuned. Of course, this doesn't count the cases where 
samples are intentionally slightly sharp or flat for effect (which should 
be a rarity instead of a rule). 

Overusing Voice Samples 

An extremely common mistake made by even some experienced trackers is 
finding a voice clip that they think sounds absolutely great or 
hilarious, and sticking it into their latest song approximately 87 times. 
People often do this with dance tracks. This very frequently kills what 
would otherwise be some truly great songs. No matter how funny or cool 
something sounds the first time you hear it, there are only so many times 
you can hear and still enjoy it. Also, music is about hearing a melody or 
grooving to a cool beat, not hearing somebody say the same thing over and 
over again, so your song shouldn't rely on voice clips to sound good. If 
you delete the voice clips from one of your songs and find that it sounds 
terrible without them, that means that you relied too much on the voice 
clip and don't have enough music. Using a truly funny or interesting 
voice clip once or twice can make a good song great, but it can't make a 
bad song good. 


Ripping 

There are a number of very important points that should be kept in mind 
when ripping samples. Look for samples that sound clear and don't have 
any clicking sounds at the point where it loops. If you're looking for a 
sample of a real instrument, make sure it really sounds like the 
instrument or else it will sound stupid. Also, the newer the sample, the 
better. And finally, if you rip samples, it helps a lot if you e-mail the 
person who made them to get permission to use them, but if you don't get 
permission, at least thank the person in the Sample Text. That's just 
basic politeness. 


Copyrights 

Following on from ripping comes copyrights. If you're not planning to 
ever release a tune commercially then use samples from wherever you like. 
It's extremely unlikely anybody will bother chasing you when they know 
you won't be making any money from it. 

If however, you eventually want to be able to release your music, then 
pay close attention. If you sample individual sounds, such as a single 
bass note, you should be able to get away with it (especially if you hear 
the sound in a few commercial tunes). When you sample large and/or easily 
recognisable parts of any tune, get the samples checked out before you 
even think about releasing yours. After all, I don't expect you fancy 
paying out large sums of money just because of one simple little sample. 
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Once you've produced a tune you like, you'll probably want other people 
to listen to it, give you feedback etc. The most important thing to 
remember at the moment is NEVER to publicly release your first couple of 
tunes. There are very few people who are gifted enough to really make a 
quality tune the first time - it's all practice and experience! Once you 
have finished a tune, listen to it a couple of days after... see whether 
you can view it from another point of view. Get a couple of friends to 
listen to it and ask for some constructive criticism. You know, what's 
good as well as what's bad about the tune. 

When you feel ready to release a tune, probably the best way of doing so 
is via the Internet. There are a number of good FTP sites which will 
allow you to upload to them. Unfortunately most of them are incredibly 
busy, making them very slow. If you don't have to worry about the 
telephone bill, then by all means use them. If your phone bill plays a 
part, then probably the best way of releasing is to post your tune to 
alt.binaries.sounds.mods. You could also set up your own web site if you 
have some web space. This could be either on your own ISP, or on a free 
site provider like http : / /www. creocities . com , http : / /www. f ortunecitv . com 
and http://www.crosswinds.net . 
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Intermediate 


Effects - Panning - Echoing - Gating - How to avoid doubled up 
channels - Sampling (CD-Ripping Drives. Filtering) - 


Ok, I know my way around, I can sample and use effects, and I've released 
some MODs, but just how are certain things done? 

Effects 

There are a number of effects available in the newer trackers that we 
didn't discuss in Section 1. Be sure that you are familiar with all the 
standard effects before you embark this next voyage of discovery. These 
effects -have- to be used properly, or they can completely destroy what 
would otherwise be a good track. 


Panning 

Let s start with Stereo Panning. This is the method by which a sound 
appears to come from a certain place between two speakers. Panning is 
accomplished by use of command 8 (In FT2, in others substitute for 
whatever command they use). 

It's a simple command to use. 800 will pan the sound to the far left, and 
8FF will pan far right. Values in between these pan the sound accordingly 
- 880 places the sound directly in the centre, 860 places it a little to 
the left, 8D0 places it quite some distance to the right. 

There is also a Stereo Surround feature in a few trackers. Stereo 
Surround is actually far simpler than it sounds. Once everything has been 
mixed, either the left waveform or the right waveform of the stereo pair 
will be inverted (turned upside down). This effect gives the impression 
of the sound (yes, you guessed it!) surrounding you. 

Stereo Surround works best if you are positioned directly parallel to the 
centre of where the two speakers are e.g.: 

Left Speaker -+- Right Speaker 

You 

It helps if you are fairly close to the speakers as well. Increasing the 
distance between the speakers increases the surround sensation. 

There is an inherent problem with this method of Stereo Surround though. 
It only works well if the sound being made surround consists of mainly 
treble frequencies, since most of the lower frequencies get cut out. This 
gives the sound a hollow feel. Of course, you can combat this by siting 
yourself left of the left speaker or right of the right speaker, to 
reduce the surround effect. But why would you want to? 
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In most of the newer trackers, panning can also be accomplished through 
the use of the Instrument Parameters. There will almost certainly be a 
default panning setting. If you are lucky there will also be a panning 
envelope. 

The default panning has a similar job to the default volume. It sets the 
instrument to a particular panning position, which gets used every time 
the instrument is played without a panning command. 

Panning envelopes offer greater flexibility over the stereo positioning 
of an instrument. 

The problem with panning is that many people don t know anything about 
panning theory and how to set up their equipment. Most seem to end up 
using sounds that swing wildly from left to right. This is agony to 
listen to! Soft bouncing pans can be effective, but should only be used 
in moderation. 

Virtual Sound Sources Q By XRQ 

As we all know, musicians and music technicians left mono sound a long 
time ago, simply because the stereo sound sounds much better. The first 
question is WHY? 

In mono there is only one source of sound and, therefore, many problems 
occur when one tries to put several instruments on only one speaker. It 
is very difficult to distinguish between them. They practically eat each 
other and do not come out like they're supposed to. 

Stereo brought us two sound sources and it seemed that the problem would 
be two times easier, however this is not the case. It s not the fact that 
there are two speakers, it's just that they can give us many more sources 
of sound. 

The second question is HOW? 

The answer lies in (what I call) "virtual sound sources" that are created 
in stereo sound. Everyone who has ever listened to music notices that 
some instruments come from far left (e.g. guitars), some from 
approximately centre (vocals or drums) and some from the right (make up 
your own example). It is described by saying that the instruments are 
scattered across the PANORAMA FIELD. 

Numerous experiments have shown that a man can tell apart seventeen 
points in the pan-field. To hear this many he would have to have perfect 
hearing and years of studio work behind him. We, the common mortals, hear 
only 11 or 13, if we're lucky. These points are, in fact, my precious 
"virtual sound sources", because the sound comes from there, and there, 
and there... But only with two speakers! 

The purpose of this writing is to accent the importance of carefully 
balanced music, of a full pan-field, of a volume of every instrument in 
that field which we recognise as the music. 

So, the third question is - WHAT ONE SHOULD DO WITH THIS KNOWLEDGE? Well, 
it would be very advisable to look on the pan-settings of your tracker 
and divide the field onto as many points as you wish (not less then 
seven). Well you don t have to, I did it for you! That is, if you use 
Fasttracker 2.Ox. Here's the table (hex values): - 
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7 points 

00 2A 54 7F AB D5 FF 

9 points 

00 IF 3F 5F 7F 9F BF DF FF 

11 points 

00 19 32 4C 65 7F 99 B2 CC E5 FF 

13 points 

00 15 2A 40 54 6A 7F 94 AB BE D5 E9 FF 

You may have noticed that 00, 7F, and FF are always there; those are 
extreme points - left, centre and right. 

That's it, then. Balance your music right! 

Techniques 

Echoing 

Do you use echoes on various parts of your MODs? If not, why not? They 
are an easy way of filling out the sound. Really easy to do as well. 
Simply copy a channel into another empty channel, change the volume of 
the channel down to under half of its current volume, and insert a row in 
only that channel. Play back the pattern, if it sounds nice, you've 
succeeded. Inserting only a single row will only work well at slow BPMs, 
however, so keep on inserting and playing back until it sounds nice. 

One point to remember, and this is something I've seen in many MODs, even 
ones produced by masters (I won't give any names), is that if the echo is 
fairly long a few notes will be chopped off the end of the echoed channel 
when you insert rows. But these notes still exist in the original 
channel. When the tune is played back the echo will appear to stop at the 
beginning of each pattern, and then start again. This reduces the 'live' 
feel of the entire module. Just remember to copy the chopped notes onto 
the beginning of the next pattern in the playing list, and everything 
will sound fine. 


Gating 

Another cool effect (IMHO) is gating. This is usually done with command 
A. Load a long/looped sample and set it to maximum volume. Now input the 
channel below (The notes can be anything, but keep the effects the same) 
(No Volume Column) 
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C-5 

1 

AOF 

- 

Starts note. 

slides volume 





— 

1 

AOF 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

— 

1 

AOF 
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Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

— 

1 

AOF 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

— 

1 

AOF 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

— 

1 

AOF 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

— 

1 

AOC 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

— 

1 

A08 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

E-5 

1 

AOA 

- 

Starts note. 

slides volume 





— 

1 

AOA 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

— 

1 

A08 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

— 

1 

AO 6 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

D-5 

1 

A08 

- 

Starts note. 

slides volume 





— 

1 

A08 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 

— 

1 

AO 6 

- 

Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 
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1 

A04 
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Sets 

volume 

to 

sample 

default 

volume, 

then 

slides 

volume 


Now play the pattern, and you should find that you get this choppy sound 
that gets less choppy with the slower slides. That choppiness is gating. 
Gating works best when used on strings and vocals, but just play around 
and see what you come up with. 


How to Avoid Doubled Up Channels 

Doubled up channels, simply to increase an instruments volume, are 
extremely bad work. Not only do they decrease the number of free 
channels, but playback of the instrument will be affected. This is 
usually due to slight timing errors, and can result in a muffled sound 
from the mix routine. 

There are a couple of ways to avoid having to use doubled up channels. 
First of all, the not so good ways: - 

1) By physically altering the samples volume. This is possibly the worst 
way of doing it. Altering the samples volume can cause both overdrive 
from too much amplification, and loss of sample data when individual 
sample 'snapshots' reach the zero point. Repeatedly altering the volume 
WILL cause these problems and result in a sample of far lower quality 
than was started with. 

2 ) By changing the default volume. This may or may not cause any 
difficulties, it all depends on what tracker is being used. In one like 
FT2 or PT, the default volume is the same as using a volume command all 
the time. To explain this, here's an example. You have an instrument that 
has a default volume of 40 (hex), and you are well into composing the 
tune when you decide that the instrument would sound better at 20 (hex). 
You change the default volume to reflect this. But you now have a 
problem; all the volume commands and slides for this sample were designed 
for a sample played at 40 (hex). So now the sound gets played back far 
too loud or disappears occasionally, when it didn't before. It is also 
far more difficult to get smooth sounding volume slides as you only have 
half as many volume positions as before. 
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Something like Impulse Tracker overcomes this problem through the use of 
a Global Volume instrument parameter. This is a relative volume level, 
which means that any changes to it do not affect how commands work with 
it whatsoever. 

And now the really good ways: - 

3 ) Using volume envelopes. This is my personal favourite. It works in 
much the same way to the Global Volume in IT. Therefore IT users and the 
like can ignore this method completely. This is how this method works. 
Load a sample, and create a simple two node volume envelope that looks 
something like this. 

Max Volume 


Min Volume 

The first node should be at the top of the graph, and the second node at 
the bottom. They should be as close together as possible, creating a near 
vertical slope. Set Sustain on node 1. That's it! Now, to set the samples 
default volume, simply slide Node 1 up or down. 

4 ) Halve the default volume on loading. Easy, quick, and effective. 
Whenever you load a sample, change its default volume to half. This can 
be done using whatever method you like (preferably through Global Volume 
or method (3)). If you find when mixing that the sound needs more power 
you can increase its volume, without needing to alter any other setting. 
Removing the need to use doubled up channels not only improves the sound 
quality and mix speed, but it makes it easier to produce a track as well. 
There's less scrolling around, and you can see more of the pattern on 
screen at one time. 


- * Node 1 


- * Node 2 


Sampling 

CD Ripping 

Do you have a CD-ROM drive? If so, do you use a CD-Ripper? You should do. 
A CD-Ripper will allow you to get perfect copies of audio on CDs. 

You will require a CD-ROM drive and drivers which allow raw data to be 
read off CDs. Below is a compatibility list that should let you know what 
drives have this capability. 

Drive & Interface 

LG/GoldStar GCD-R540C IDE 
BTC 36x - IDE 
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(Ok, so it's a little incomplete at the moment!) 

If your drive is listed but you seem unable to get it to read raw data, 
there may be a few possible solutions. 

One problem you will more than likely find in Windows 95 0SR2 and 
possibly Windows 98 is that CD-Rippers will not seem to work with them. 

To get around this you'll have to bypass Windows 95's 32-Bit disk drivers 
by going to Control 

Panel/System/Performance/File-System/Troubleshooting/Disable All 32-Bit 
Protect-Mode Disk Drivers. Note that you must have DOS CD-ROM drivers 
installed for this to work properly. 

Certain drives and set-ups will have other problems. One of which is that 
the first read attempt after every reboot will fail or take forever to 
start. If this happens, eject and reinsert the CD, and try reading again. 

As far as I know, FT2 is the only tracker to have a ripper built in, but 
it isn't very compatible. If you use DOS for tracking then a CD-ripper 
called CD2Wav seems to work very well, it'll also take advantage of any 
32- Bit CD-ROM drivers installed if you run it under Windows 9x/NT. 
However it can't rip specific sections of a CD. If you want a small 2 
second bite of sound from the end of the track, you have to rip 
everything before the part you want, which is inconvenient and sometimes 
impossible. 

If you want to rip CD-DA on Windows 3.1, then the only package I know of 
is Digital Domain. This is quite basic, but it does the job quickly and 
effectively. On Windows 9x/NT, CD-Worx would be a good choice. CD-Worx 
comes in separate versions for 9x and NT, because NT uses a different way 
of handling things. CD-Worx is a nice program, with features for ripping 
from a variety of CD formats. Audiograbber is the one I currently use, 
simply because it always seems to work, and you can specify that if any 
errors do occur simply to carry on. The free version of Audiograbber does 
have one slight limitation. It can only grab from a randomly selected set 
of half the tracks on the CD in one session. If you want a specific 
track, you have to keep on reloading it until that particular track is 
available! 

Filtering 

There are a number of features available in most good sampling programs 
that can be used to improve the quality of the sound. First of all we 11 
take a look at filters, usually there will be some sort of controllable 
low/high pass filter that you can use. 

At their most basic form, filters are used to remove (filter) various 
frequencies from the input signal. The frequencies removed may be lower 
than the cut-off frequency (low pass), higher than the cut-off (high 
pass), in the range between a low cut-off and a high cut-off (band pass), 
or outside of a similar range (band stop). 

Low pass filters give a sound a deeper, more booming One purpose of using 
a low pass filter is to remove noise from a low pitched bass sample, it 
can also add fatness to the sample as well. The most important thing to 
remember is not to use a low pass which lets too high frequencies 
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through. A low pass of about 8kHz seems to work fine in removing noise 
from most bass samples. 

High pass filters are also useful, and can make very interesting sounds. 
When used on a bass type sound, they can give it a "hollow" quality. The 
higher the cut-off of the filter, the more hollow the sound. 
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Advanced 


Vocals - Effects - Going commercial - Production of Audio CDs - 


I know everything :v) - what next? 

The essential thing to remember when you're at this stage is that 
everything must be professionally done, whether it's sampling, tracking, 
and use of effects, absolutely everything must be at top quality. Take 
your time over your tracks, and make sure that they are as perfect as you 
can get them. 


Vocals 

Chances are that some time or other you are going to want to incorporate 
some sort of vocals into your music. This can be very hard, and there are 
two important things to remember: the vocalist, and the words. Both 
should be of equal importance in your mind. A good vocalist singing crap 
words sounds unprofessional, the same goes for a crap vocalist singing 
great words. Few people can sing well, and even fewer can write 
respectable songs. 

Your best chance of getting good vocals is to find someone who is willing 
and able to write some lyrics for you, and then hire a studio and a 
vocalist for a couple of hours. The main reason for hiring a studio is 
that it'll probably have VERY expensive and VERY nice microphones. 

They'll know all about using them and have the best environment to record 
in. Remember that you'll probably want to take a recording of your tune 
with you so the vocalist will have something to sing to! You can then 
sample the vocals and incorporate them into your tune. Obviously you'll 
have to check that the studio has a sampler that can save onto disks that 
you can use. The actual sample format isn't too important as there are 
plenty of converters around. 

An alternative method would be to find out if the studio has a CD- 
Recorder. You can then record the vocals direct to CD and rip or sample 
them at your leisure. The same goes if you have a DAT machine, you could 
record to DAT in the studio and then sample the vocals when you want. 
Using vocal samples does have a number of drawbacks. One, your modules 
will instantly increase in size. We re not talking a few hundred KB here, 
more like a good few megabytes, depending on the amount of vocals used. 
Another problem is one of performance. Although this may not bother you. 
If you re playing a song to an audience and there s no-one singing it, 
the performance will look quite strange! 


Effects 
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EQ 

Get Your Frequencies Sorted Out - by XRQ 


Imagine the following: you are listening to some music, every instrument 
has the same volume throughout the frequencies (from 50Hz up to 20kHz). 
The result would be a noise that one could hardly call "music", and, on 
the other hand, it wouldn't be possible to differ the instruments, all 
melodies would be melted into "peeping, shouting, roaring mass". 
Therefore, the instruments should be separated by frequencies. I'll make 
an example. 

Let's say that we're planning to have some vocals and let's say that that 
particular vocal sounds best if we let all frequencies near 8kHz out on a 
speaker and suppress all other frequencies a bit. So, we've situated 
vocals on 8kHz. If we wanted to put a guitar next to the vocals we should 
force some other frequency for it - 6kHz e.g., and so on. 

Every instrument will have its own "major" ("capital") frequency, they 
will all be "frequent neighbours" ("neighbours by frequency"), there must 
be no frequency occupied by two instruments. 

Even if a situation occurs where two of them MUST be on same frequency, 
make a compromise, put one a bit higher than the other and kick them 
apart in panorama (left and right instruments) or make one of them more 
leading and push the other on some insane frequency (very low or very 
high or which would be an "uninhabited" one). This is extremely 
important. It'll sound better. You'll experience a difference which you 
will not believe. 

This is to be done in some sample editor by EQ settings or Parametric 
EQ's or... 

You know what I mean, I've given you the goal, but the choice of a tool 
is yours. 

EQ - in Theory and in Practice - by DNATranee 

EQ is very important to make individual sounds in a mix fit together like 
one big happy family. Usually you have EQ on each channel of a 
professional mixer or you can use your favourite sample editor to EQ your 
samples to go into a tracker or sampler. 

Basically, an EQ is a filter which has the following characteristics: 
Frequency : Low frequencies are bass, high are treble. 

Gain : The amount of volume you wish to cut or boost the frequency by. 

Q(Resonance) : The bandwidth (amount the filter spreads out from the 
centre frequency both up and down equally) 

A low or high pass filter is the same, only the frequencies above or 
below the frequency of cut or boost are lost as well. 

There are usually the following on an EQ: 
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Low cut off - The lowest frequency of your sound which gets past. 

Low gain - How much you want to cut or boost your bass frequencies. 

Low frequency - At which frequency you wish to boost your lows. 

Mid gain - The amount you want to cut or boost your mid frequencies. 

Mid frequency - At which frequency you wish to boost your mid 
frequencies. 

Mid Q - The bandwidth at which you wish to boost your mid frequencies 
(can also be called resonance). 

High gain - How much you wish to cut or boost your highs. 

High frequency - At which frequency you wish to boost your highs. 

High cut off - The highest frequency of your sound which gets past. 

Depending on the EQ, you may not get all of these features. For example, 
the low frequency may be pre-set, or you may not have a mid control at 
all, like a conventional hi-fi with only pre-set frequency on bass and 
treble (high) with only gain controls. 

Possibly the best is a parametric equaliser which has many filters to 
alter the characteristics of the sound. 

Anyway, what you have to do to get your mix sounding professional is to 
EQ sounds as a mix. So if you have a bass and a kick drum, boost them at 
separate frequencies to make them fit together. You may wish (and is 
advisable) to lower the volume (gain) before EQing. 

A bad habit of trackers is sometimes to make the kick drum too loud. This 
is because the other sounds in the mix have far too much bass in them, 
and all the sounds except the actual bass and kick drum, should not have 
a lot of bass in them. It might sound like nothing. Just one instrument 
with bass in it, but when you add the rest of the mix with toms, etc. it 
can add up to make a 'mushy' mix. 

If you don't have a mixing desk, don't worry. If you use hard disk 
recording, you may be at an advantage, because when you apply EQ to a 
section of a sequence, you can usually 'see' which parts the EQ is 
effecting. Although, your ears are the final judges - the most important 
tip I can give you. 

You may like to turn the gain up full and play with the frequency to hear 
or 'feel' where the resonance of the sound is more easily, then turn down 
the gain to a lower setting. Remember that 3dB doubles the gain, and 6dB 
is much louder, because it works on a logarithmic scale, depending on the 
type of scale on your EQ (it may be linear which has much less of a steep 
curve) 

EQing the high hats so that it's only the high you can hear might sound 
like a good idea, but try moving the frequency down a little and you 
might be surprised at how much less tinnier they sound, and have more of 
a tuned sound. 
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Going commercial 

Releasing commercially when you use a tracker is nigh on impossible, due 
to the lack of respect trackers have from 'proper' musicians. There have 
been, and will be, a lucky few who have done it. Names that I know of are 
Bjorn Lynne (Dr. Awesome), Dex + Jonesey, Eric Giesen (Sidewinder), 

Vivid, Ganja Man, Holy Ghost, Oona, Assign, Blue Adonis, Purple Motion, 
Mark Knight (The Dark Knight), Allister Brimble. 

There are two ways of getting paid for your music. Selling it 
commercially, and/or getting it used in computer games. Tracked music 
still plays an important role in games, as unlike CD Audio it can be 
altered while it is being played. This allows for context sensitive 
music, where the music changes to suit the action on screen. Even MIDI 
files cannot easily be used in this way. 

The main problem with getting your music released is the output format. 
Here's a short table to determine whether or not you'll have this 
problem. 


Soundcard quality 

DAT machine 

CD-Writer 

Problem? 

Good, with digital 
output 

Yes 

Yes 

No 

Good, with digital 
output 

Yes 

No 

No 

Good, with digital 
output 

No 

Yes 

No 

Good, with digital 
output 

No 

No 

Yes 

Bad, no digital 
output 

Yes 

Yes 

No 

Bad, no digital 
output 

Yes 

No 

Yes 

Bad, no digital 
output 

No 

Yes 

No 

Bad, no digital 
output 

No 

No 

Yes 


Basically, as long as you have a CD-Writer or a good quality digital 
output and DAT machine, you won't have a problem getting a good quality 
recording. Which means you'll be able to produce good quality demos 
without the need to hire a professional (!) studio or mastering company. 

Something else to consider when you're going professional is the quality 
of your samples. The number of times I've heard a tune good enough to be 
released that has been spoiled by bad samples is ridiculous. Drums are 
generally the culprits, especially those with high frequencies in them. 
Synthetic hi-hats and cymbals pitched up too far lose their distinctive 
sound, and get changed back into what they really are noise. Don't 
settle for anything less than CD-Quality, unless you specifically want 
that "lo-fi" sound. 

Try not to overdrive samples simply to increase their volume. This can 
result in a loss in quality as the sample loses definition. Instead, 
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reduce the volume of the rest of the samples being used, and up the 
playback volume on your sound system. 


Production of Audio CDs 

Audio CDs are one of the most popular formats for the production of high- 
quality demos. Although the initial outlay for a CD-Recorder is quite a 
large amount, one should last for a good number of years if it's only 
used for the production of CDs - and not for general use as a CD-ROM 
drive. 
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Techniques 

Spicing Up Your Percussion - The Zen of Tracking Advanced Tips and 
Tricks - Very cool reverb - Phased Leads - Sound & Sampling 
Explained - What It Means To Be A Tracker - How To Act When You're A 
Tracker - The ethics of sample-ripping - Adding Swing/Groove - 


Take your time 

An essential point about producing a quality tune is the amount of 
preparation you put in, before you even begin to start. This is 
especially important if you intend to produce in a style unfamiliar to 
you. Take the time to get good samples, and see how they could be made to 
fit together. Listen to the style, you don't have to buy tons of new 
music, just see what friends have lying around, and the radio can be a 
good source. Play around with various ideas in your tracker, you needn't 
save them. Get hold of a few MODs and see how they work. 

We're not talking about a few hours here, not even a few days. It may 
take a few weeks or even months before everything's ready. But when it is 
you should find that you're able to produce, fairly quickly, a quality 
piece. 

Spicing Up Your Percussion 

(Taken from CU Amiga May 1994 - Slightly edited to be more generic) 

Fat Beats 

There are a number of things you can do to add a bit of life to your 
percussion. One of the best ways to beef up a drum sample is to mix it 
with another sample. You've probably already experimented with this, 
mixing kick, snare, and hi-hat samples, in order to fit your entire 
rhythm into one track. However, to get a really kickin' sound, try mixing 
your percussion samples with samples of tuned instruments. For instance, 
mixing a really deep analogue-type bass sound with a kick drum produces a 
really heavy, squelchy, dance floor sound. Similarly, try mixing snare 
and guitar sounds, for an unusual and funky effect try adding Laser-type 
pulse sounds to 808 style snares for an authentic Sheffield clunk and 
bleep sound. 

Echomania 

Another way to add a bit of life to a rhythm track made up of individual 
samples is to echo the entire track. This is a quick way of funking up 
your percussion, and you'll find you can create a great track with only 
kick, snare, and open hi-hat when you use echo in this way. 
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You've probably got quite a collection of hackneyed breakbeats, which are 
instantly recognisable, and therefore pretty much unusable. One way round 
this is to sample some more, but in theory at least, you always have to 
be careful of the copyright laws when sampling other peoples material. 

You could always buy a sample-compilation CD, but most of these are a tad 
expensive for the casual user. On the other hand, it's quite possible to 
breathe new life into a dead breakbeat. 

One method is to apply some sort of sound effect to the sample, 
preferably in stereo. Most sampling software nowadays has a range of 
effects built in with which you can process you sample, but most of these 
produce fairly unsubtle results when applied to percussion samples. 

So what's the alternative, if you can spare the memory and two tracks (a 
stereo pair is what we're looking for here) is to use the tracker itself 
to produce a real-time phasing effect. 

To do this, load the same breakbeat sample into two different sample 
locations. For best results, pick a breakbeat that stretches over two 
bars (32 lines of a standard 64 line pattern). Play the first instance of 
the sample (at a reasonable rate!) on line 0 and line 32 of a 64 line 
pattern, on one track. Do the same thing on track 2, but this time with 
the second version of the sample. Now for the clever bit. 

Fine Tune the second version of the sample up or down one or two points. 
Now when you play the pattern, you'll get a phasing effect, with the 
rhythms moving in and out of the stereo field - great for trance techno 
type extravaganzas. If you're feeling particularly adventurous, try 
playing one of the samples an octave down from the other. 

If you can't spare the memory or two tracks for the rhythm, you can get a 
similar effect in mono as follows. Load up the first and second breakbeat 
as before, and resample or pitch shift the second by a few points, then 
mix them together. The effect is a lot less subtle than the stereo 
version, but can be just as effective in the right circumstances. 

On A Ragga Tip 

Another way to squeeze the last bit of life out of a dying rhythm is to 
change the playing length and sample trigger positions from the normal 
start of the bar. This is a technique much favoured by breakbeat and 
jungle techno groups like SL2 and The Prodigy, and works best at fairly 
fast BPMs. Play your breakbeat on lines 0 and 32, and adjust the tempo so 
that the rhythms trigger in time, with no glitches. Now trigger the 
sample on the following lines: 0,6,16,26,32,42,48 and 54. When you play 
this back, you'll have a rhythm track that sort of rolls around the beat 
- perfect for just adding a baseline and calling it your finished song! 
For a brutal stereo version of this, try playing the same sample on a 
different track (on the opposite stereo channel) on the following lines: 
0, 10,16,22,32,38,48, and 58. You might even go the whole hog and combine 
this with the stereo phasing effect. 
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The Zen of Tracking Advanced Tips and Tricks 

Indian Food for Thought 

You can get a very Indian-sounding "24-tone" scale in Impulse Tracker by 
using this technique: (FT2 users will have to accomplish the same thing 
via the "tone" setting) 

Load your sample twice. Look at the second one, and write down the sample 
rate. Multiply that number by 1.0304 and put the result in the "playback 
rate" field of the first sample. Now you have a consonant tone in the 
second sample and a semitone above that in the first. By playing the 
second at C-5 then the first at C-5 then the second at C#5 then the first 
at C#5 (and so on), you get a semi-tone chromatic, which is pretty weird. 
If you're really bold, you might get some cool Indian sounding stuff 
going out of it. Good luck tracking it, though. It's a whole new set of 
musical theory. 

The Amiga Scene and You 

If you either release or listen to MODs (not XMs, ITs or S3Ms, etc), then 
you're probably aware of the Amiga scene, which still uses the MOD format 
today. If so, hold this in mind: the Amiga plays music 1BPM faster than 
PCs. For example, at speed '6' in a MOD, a PC is playing it at 120BPM (I 
would assume, anyway), and an Amiga is playing it at 121BPM. 

What this means to you, the listener, is certain drum loops and riff 
samples will sound off-kilter, rhythmically. So be a little more 
forgiving in such circumstances. If you want to hear it as it was 
originally written on the Amiga, put it in Fasttracker (or whatever your 
favourite tracker is), save it as an XM (likewise with the favourites), 
and change all the tempos in the song to their appropriate fine-tempos 
(BPM), plus one. 

(Remember to do the reverse if you're producing a MOD on the PC that'll 

probably get played on an Amiga. When the tune is finished convert all 

the primary tempos to 1 less. This BPM thing sometime gets more extreme 
too, maybe 2 or 3 BPM out in certain circumstances. ModPlug and various 
other players overcome this BPM problem. - Cools) 

There are also some other effects that don't convert well from Amiga to 
PC, which are apparent in chip tunes. For the best reproduction (though 

still not perfect), look for a player called "Midas Player", since it 

handles things a little better than most with MODs. 

Radix has a few things to add: 

Well; in ProTracker the EFx command is used a lot... it actually changes 
the waveform in the sample (only in the beginning). So in chip tunes, 
chip sounds can get some kind of wave sequence sound, "weeeeeeeeoooong" 
that does not work on any program on PC I have seen. Arpeggio on PC is 
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not that fun either. I don't know really, but chip sounds sound better on 
Amiga... 

Another thing is that PC with a GUS can sound really awful while playing 
a high and a low tone of the same sample at once. This is really lame. 
Like a C-3 and a C-7 (same sample) sound really out of tune. 


Very Cool Reverb 

Sure, you have an echoed lead. But do you have a reverberated lead? This 
sounds very cool indeed. 

Load the lead in your favourite sample editor (mine's Cool Edit), reverb 
it however you like (I use a straight reverb, on the "last row seats" 
setting), so that it's REAL deep. 

Now load the tracker. Create the echo track as usual (copy the lead, 
offset it by a few rows, and change the volume by less than 50% of the 
lead). Much nicer, eh? 

If you want a reverb that's not-as-deep to use somewhere else, you can 
widen it for the echo track, creating this weird echoed attack kind of 
thing, like this (FT2 Format, 1 is the lead, 2 is the reverb): 


01 C-5 01 40 000 C-5 02 08 840 

02 -— — 000 C-5 02 10 8A0 

03 - 000 C-5 02 20 880 

04 - 000 - 000 

05 F-5 01 34 000 F-5 02 08 8C0 

06 - 000 F-5 02 10 860 

07 - 000 F-5 02 20 880 

08 D#5 01 3C 000 D#5 02 08 840 

09 - 000 D#5 02 10 8A0 

0A D-5 01 30 000 D-5 02 08 8C0 


Of course, you don't need to keep retriggering the note. I just thought 
it sounded cool with bouncing pan. In any case, I think a reverberated 
lead sounds even better than an echoed version. Try it and see for 
yourself. 

Phased Leads 

A very cool effect for writing leads, commonly used by advanced trackers, 
is a phased synth string. (In fact, it's almost hard to call this an 
'advanced' trick). You can find samples that work for this is a lot of 
different places (any good 'sweep' string sample will do), but the way 
that they're used is the important aspect... 

It's quite simple, really. You just create an instrument with a volume 
envelope typical of a lead. Something with a sharp attack, a moderate 
length sustain, and an exponentially quieter decay (my ANSI art is 
miserable, but I'll try): 
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The total length of the envelope should be about twice as long as the 
average length of the note (i.e.: an average length of a quarter-note 
should have an envelope that lasts about as long as a half-note). Now, as 
you write your lead, keep the notes in the same channel, and slide to 
them at a very fast rate ( 'F', generally), like this: 

01 C-5 01 40 000 

It's important, however, that you echo this lead in another channel, 
since it will sound fairly flat otherwise. 

Sound & Sampling Explained 

By Rubz/Hertz 

As you probably know from physics, sound is essentially made up of waves 
travelling through the air - sound is merely vibration caused by some 
object or another. Of course, that isn't entirely accurate, as sound can 
pass through solids and liquids as well (in fact, the denser the medium, 
the better the sound is conducted - that's why whales can communicate 
with each other over distances of miles, because water is denser than 
air.) The medium through which the wave is travelling doesn't actually 
move, either, or at least not much more that it takes for one molecule to 
bump into the next one (think of a Mexican wave at a football match, and 
you'll get the picture). The vibrations remain vibrations until they come 
into contact with something that can hear, i.e. an ear (but *not* a 
microphone, because a microphone merely captures some of the vibration 
and sends it down a wire). 

The faster the vibration, the higher the frequency, the higher the pitch 
of the sound; humans can hear from about 20hz to about 20,000hz (although 
the more you abuse your ear by pumping high decibel sound into it, the 
less high the frequency you can hear). There isn't much, musically 
speaking, between the 12Khz to 20Khz ranges - you would notice the 
difference if you compared a song through 12Khz and 20Khz ears, but there 
wouldn't be much. It is claimed by many that we are sensitive, although 
not actually aware, of sound well above 20Khz and below 20hz, and this is 
why professional equipment will have such a wide frequency response. 

The intensity of the sound wave determines the loudness of the sound (the 
harder you strike a drum, the bigger the oscillation of the skin, and 
hence the louder the drum - the frequency is unaffected), and sound is 
traditionally measured in decibels. Literally, 0 decibels (0 dB) is 
equivalent to an sound pressure level of 20 microPascals, which is the 
lowest possible level of sound that your average Joe will be able to 
hear. Clearly, this is a relative figure, as everybody's hearing is 
slightly different. The decibel scale is logarithmic, because that is the 
way our brain interprets a change in sound level (for example, the brain 
reckons that 40,000 microPascals is only twice as loud as 4,000 
microPascals; the figure in decibels represents our perception of it.) 
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Now you are likely aware that computers operate entirely digitally (with 
the only possible numbers at the lowest level being 1 or 0, one of two 
states, on or off). So how do we translate an analogue vibration into an 
internal, digital, package of data? Well, imagine the sound coming into 
the computer on a conveyer belt, and every few thousandths of a second 
the bit coming past is chopped off, and measured. Got it? That is 
essentially, the way a computer samples a sound - a wave file on disk is 
essentially a large stream of numbers, each representing the level that 
was measured in that particular time interval. That time interval is what 
we are referring to when we talk about sampling at 11.025kHz, 22.05kHz, 
44.1kHz, or even 48kHz. The number refers to the number of times the 
knife comes down on the wave, chops off a slice, and measures it; 
accurate sound reproduction requires a sampling rate of around 40kHz, CDs 
are done at 44.1kHz, and DATs at 48kHz. Generally the sampling frequency 
is around twice the highest frequency that can be represented; so if you 
sample at 22.05kHz, you are restricting the discernible sound to between 
around 20Hz to 11.025kHz. Which is why the lower your sampling rate is, 
the lower the quality of your sound. Of course, sometimes you actually 
want it to sound that bit rougher. Also, if you know that your sound 
won't use higher frequencies at all, then it is fine to sample at a lower 
rate, and you'll be hard pushed to spot the difference. 

But as you'll know, if you've used Cool Edit or something similar, you 
also get the choice between sampling it 8-Bit or 16-Bit. So what 
difference does that make? Well, if you know anything about binary 
numbers, you'll probably be way ahead of me here, but just in case: 

A decimal number is made up of units, tens, hundreds, thousands, tens of 
thousands and so on, in effect powers of 10 (10 A 0, 10 A 1, 10 A 2, 10 A 3, 

10 A 4, etc.). So when you write 3252 you are in effect saying 3 thousands, 
2 hundreds, 5 tens, and 2 ones or 3 10 A 3s, 2 10 A 2s, 5 10 A ls, and 2 10 A 0s 
(any number to the power 0 is always 1). Similarly, a binary number is 
made up of ones, twos, fours, eight s, sixteen s (or 2 A 0s, 2 A ls, 2 A 2s, 
2 A 3s, 2 A 4s, etc - 2, because there are two possible states, 1 and 0). For 
example, the binary number 1101 is in effect 1 2 A 3, 1 2 A 2, 0 2 A 1, and 1 
2 A 0, or 8 + 4 + 0 + 1, 13. 

An 8-Bit number can represent 256 ( (2 A 8) - 1) different states (0000, 0000 
through 1111,1111), and a 16-Bit number 65, 536 ( (2 A 16) -1) different 
states. You remember earlier we said that when the computer measures the 
level of the incoming wave on the conveyer belt, it stores it as a 
number. With an 8-Bit sampling resolution, it has to choose that number 
from 256 possible states, so if the wave happens to fall between 2 of 
those 256 numbers at that particular time interval, the computer has to 
choose the nearest. You've probably seen the same thing happen in 
primitive graphics packages - draw a diagonal line, and you end up with a 
stepped line. 16-Bit, therefore, provides a lot clearer sound quality, as 
you have more levels to choose from; even 16-Bit, however, is not 
perfect, and studios commonly work with 20-Bit resolutions, which provide 
1,048,576 different possible levels, or 24-Bit resolutions, which provide 
16,777,216 different levels. 

Similar to there being a relationship between sampling rate and the 
frequency response of the sound, there is also a relationship between the 
dynamic range (the possible variation in level of the sound) and the 
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sampling resolution. A 16-Bit resolution gives a dynamic range of 96dBs, 
or 6 times the resolution. Don't worry about why, just accept it. When we 
say a dynamic range of 96dBs, we do not of course mean that the loudest 
possible level is 96dB, we simply mean the range of possible levels is 
96dB wide (any amplifier can make something louder or quieter quite 
easily.) 

One thing you should ensure when sampling, then, is that your source is 
within the dynamic range of at the resolution you are sampling at. As an 
experiment, shout or scream into the microphone at 8-Bits, and then 
repeat at 16-Bits. When you look at the 8-Bit one, you 11 notice that the 
wave is cut off at the highest possible point, it is just a straight line 
or block going as high as the top of the screen. What this means is that 
there were sounds at higher levels than the resolution allows, but the 
computer couldn't cope with them because it was only sampling at 8-Bit; 
thus it assigned them to the nearest level, which was the highest 
possible one. This is known as clipping. Your 16-Bit sample will probably 
still have some clipping, but considerably less. To get round this, 
either use a compressor, so that all sounds are restricted to a certain 
dynamic range, or adjust your gain and input levels. If you know you are 
going to be recording a very loud noise, drop the gain right down, to 
keep it all within the range. 

Of course, if you are looking for weird effects and so on, you may wish 
to try ignoring the guidelines for good quality sounds; things sampled at 
low resolutions, frequencies or with clipping can sound interesting. It 
is important that you understand what they mean, though, as you can only 
properly experiment with something that you understand. 


What It Means To Be A Tracker 

By Ganja Man/LOK 

Before I start, I'd just like to say that I expect to be flamed for some 
of the opinions expressed in this article. A lot of people probably won't 
agree with what I say. Fair enough. This is what *1* believe tracking 
should be about. Doubtless, there will be those who have a different 
opinion. I'm perfectly happy to merely ignore them. 

Why Do YOU Want To Be A Tracker? 

There are no definitive good reasons for wanting to be a tracker. There 
are, however, I believe, a number of reasons that are not suitable for 
those who wish to be trackers. 

Tracking will NOT make you money. Don't ever think it will. There *are* a 
number of trackers, including myself, who have got recording 
contracts/game contracts/whatever through tracking. The numbers are few 
and far between, and if you want to be a music 'professional' quite 
frankly you'd be better saving up for some decent MIDI equipment/samplers 
and making demo tapes to pass along to record companies. That route is 
how most artists get into the business, and I can't see it changing much. 
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Tracking is *NOT* about making money. 

Don't track for respect. Sure, it's nice when someone e-mails you and 
tells you how great (s)he thinks your latest track is, but it isn't a 
reason in itself. Of course, tracking merely to get feedback on your 
music is something different; without tracking my music would be 
infinitely worse, because I would never have got the insights into what 
I'm doing wrong. 

Don't expect to become another Necros/Skaven/whoever overnight, or ever. 
Very few people become recognised as major trackers, no matter how good 
they are. Most will simply go along unrecognised, doing their thing, 
good, or bad, without too many people paying attention. If you're the 
sort of person that is going to be phased by this, then maybe tracking 
isn't for you. You should be happy merely writing the music; if you're 
not maybe you're in the wrong game. 


How To Act When You're A Tracker 

First of all, above all else, DON'T become a tracker too early. DON'T 
release your first five or six tracks, they will absolutely suck. By all 
means pass your tracks around to friends etc, and get opinions, but 
uploading to FTP sites should be avoided until you've got at least half a 
year of tracking under your belt. You may think your tracks sound great; 
when you listen to them in two years time, you certainly won't. I never 
did. I made the mistake of releasing one of my first tracks, and live to 
regret it to this day. Fortunately when I released it the Internet was 
not a major force, it just got spread around a few local BBS s and 
nothing else. With things the way they are now, your tracks could come 
back to haunt you much more easily. 

Secondly, take all criticism with good grace. If someone emails you to 
tell you they hate your track, ask them what it was they hated, and you 
can put it right the next time. Conversely, if people write to tell you 
they liked your track, email back and thank them. A number of 'top-name' 
trackers merely ignore comments they receive, or at any rate never reply. 
Personally, I try to reply to every comment I get, good, or bad, even if 
it's just a short 'thanks for your comment'. Elitism should have no place 
in our scene. 

The Ethics Of Sample Ripping 

Sample ripping is a highly contentious issue. To some, it is a plague 
that is out to destroy the scene. To others, it is the life-blood of the 
scene. Here are *my* views on the matter. 

I do not think there is a tracker in existence who can honestly say 
they've never used a ripped sample. Everyone does it, especially when 
they're starting out. Personally, I see nothing wrong with this. A sample 
belongs to no one person. When you sampled it, it did not belong to you. 
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If it came off a CD, it is 'owned' by the record company that produced 
the CD. If it came from a keyboard, it is in the public domain; it 
neither belongs to Roland or whoever, or to you. 

There are those, however, who will say that ripping samples is stealing. 

I do not blame them for believing this; they have been indoctrinated 
through their life into believing that private property is sacred. They 
are, of course, blatantly wrong. If a sample is ripped from you, are you 
deprived of its use? Of course not. Was that sample ever your private 
property in the first place? Even by the standards of the capitalist 
state? No. When I hear one of my samples 'ripped', and used in another 
tune, I feel proud. Proud because I have, in some small way, contributed 
to creating this entirely new track. Proud because I have assisted a 
fellow tracker in his pursuit of musical excellence. Those who speak out 
against sample ripping claim that they can no longer use their own 
samples, because since they have been ripped, they sound too 'samey'. I 
would argue that the person ripping your sample has done you a favour; by 
ripping your sample, they have stopped you from using a sample numerous 
times and falling into a rut where every track you write sounds the same. 
Some also argue that if everyone ripped from each other, there would be 
no new samples. This is true. But it is quite clear that everyone will 
NOT just rip from each other. By sampling yourself, you have the chance 
to use sounds no-one has ever used before. Some claim that those who use 
entirely ripped samples are just 'sponging' off the rest of us who do 
sample. I disagree entirely; those of us who create our own samples 
always get first use of them, and have the chance to create something 
unique; those who rip do not. 

In conclusion then, my advice to you would be this: if you hear a sound 
you like in a MOD, rip it. There can be no point in sampling something 
again if you will only achieve exactly the same sound. But when you rip, 
make sure you credit the original author of the sample. It's only common 
courtesy, and I personally see it as a mark of respect to those who I rip 
from. If you want your tracks to have a sound that does not exist in any 
MOD format, sample yourself. Simple as that. The tracking scene is about 
community, not any stupid idea of private property. 


Adding Swing/Groove 

By Kevin Krebs 


The traditional method of adding swing to a track is to systematically 
alter the speed to produce syncopation: 


000 C-5 01 .. F02 

001.F04 

002 C-5 01 .. F02 

003 .F04 

004 C-5 01 .. F02 

005 .F04 

006 C-5 01 .. F02 

007 .F04 

008 C-5 01 .. F02 
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This method works, but forces you to put a swing on every channel. By 
using the Note Delay effect (EDx), it is possible to add syncopation 
exclusively to a single channel: 


000 C-5 01 .. .00 

001 . 00 

002 C-5 01 .. EDI 

003 . 00 

004 C-5 01 .. .00 

005 . 00 

006 C-5 01 .. EDI 

007 . 00 

008 C-5 01 .. .00 


This also allows for easier "morphing" into and out of the syncopation by 
fading between the syncopated and normal channels. 

N.B. EDI delays a note by 1 tick — you may need to use greater values 
depending on the tempo and speed of the track you're working on and the 
amount of swing you want, so experiment. 

There is also another way of adding syncopation to a track that involves 
the use of longer patterns and a faster secondary tempo. 

Set the primary tempo to whatever you like. Then, if you would usually 
track in a speed of 06, change it to 04. Then change the pattern length 
to 60 Hex. 

Now, instead of treating a single beat bar as 04 rows, use 06 rows. Every 
half beat will come every 3 rows e.g. 


000 c-5 01 .. .00 

001 . 00 

002 . 00 

003 C-5 01 20 .00 

004 . 00 

005 . 00 

006 C-5 01 .. .00 

007 . 00 

008 . 00 

009 C-5 01 20 .00 


This doesn't instantly add swing however. But by placing notes in between 
the beats, it is possible to get very nice syncopation. This method has 
one main advantage - your effects column is free. By increasing the 
pattern length and the speed again, you get the ability to do the same 
sort of thing as method two (note delay). 


Adding Swing/Groove 
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MIDI 


What you'll be able to do with MIDI and trackers together very much 
depends on what tracker you use and what MIDI capable hardware you have. 
Many of the MIDI functions available are up to and depending on the 
external synth. 

Setting Up 

Connect your MIDI I/O cable to your soundcard. If you are not sure which 
port it should be plugged in to then check with your soundcard manual. 
When connecting the cable to an external device you should remember that 
the MIDI "in" cable should go in to the synth's/keyboard's "out" and the 
MIDI "out" should be plugged to the synth's/keyboard's "in" (this can be 
quite confusing in the beginning for the new MIDI user). Then you have to 
change the MIDI data I/O transfer on the synth/keyboard to "external" 
instead if "internal" (which you use when playing sounds through the 
synth). How that is best done is documented in your synth's/keyboard's 
manual. Remember to always turn off all power before connecting any 
cables. MIDI hardware is a bit sensitive, and could break. 


MIDI 
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Internet 


General - Trackers - Samplers - Players - CD-Rippers - Samples - 
Modules - 


Links marked with a * haven't been tested by me. 

IRC 

These are the various channels that most trackers hang out in: 
Most networks - #trax 
DALNet - #modulez 

irc.scene.org - Itrax (you can find me in here when I'm on IRC) 

Usenet 


alt.binaries.sounds.mods 
alt.binaries.sounds.mods.d 
alt.binaries.sounds.mods.techno 
alt.music.mods 

Conversions 


Here are the links to all the various conversions of The Tracker's 
Handbook that are currently available. 

http: / / e anatia.ee. auth . err / -nalevrid / f iles / Handbook /Handbook, htm 
http://united-trackers.ora/resources/handbook/ 


General 


Cools Productions - http://listen.to/cools 
United Trackers - http://united~trackers.org/ 

MAZ Sound Page - http://www.maz-sound.com/ 

Mod Resource Web - http://www.armory.com/~areebo/mod.html 
LOK - http://www.loknet.demon.co.uk/ 

ModPlug Central Resources - http : / / wwvi . cast lex . com/mods / 
Novus's Wide World of MODs - http://surf.to/novus 
Temple of MOD - http://eanatia.ee.auth.qr/~nalevrid/ 
SynthZone - http://www.svnthzone.com/ 

Everything Impulse - http://www.vrone.net/aorenfeld/ 

AKA's MOD Page - http://www.tu-chemnitz.de/~aka/ 
a . b . s . m FAQ - http : / /welcome . to/modf acr 


Internet 
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T rackers 
Amiga 

OctaMED - http://www.octamed.co.uk/ 

Windows 3.1/9x/NT 

ModPlug Tracker - http://www.castlex.com/modplua/ 
SoundStudio - http://www.octamed.co.uk/ 

Buzz - http://buzz.scene.org/ 


DOS 

Impulse Tracker - http://www.noisemusic.ora/it/ 

Fasttracker II - http://www.starbreeze.com/ 

Real Tracker 2 - http://www.utbm.fr/les.personnes/arnaud.hasenfratz/rt/ 
Velvet Studio - http://velvet.home.ml.org/ 

Digitrakker - http://home.paaes.de/~nfactor/ 

AXS - http://www.wins.uva.nl /-crdehaan/ 

Mac 

PlayerPro - http://www.auadmation.com/pphome.htm 

Unix/Linux 

Maube - http : / /www .cse.unsw.edu. au/~c,onradp/maube/ 


Samplers 

Cool Edit - http://www.svntrillium.com/ 

GoldWave - http : / /www. croldwave . com/ 

Sound Forge - http://www.sonicfoundry.com/ 

AWave - http : / /hem. pass acren .se/fmi/fmisoft. html 

AWave is a Win9x program to convert samples. It's shareware, limited to a 
single convert per run. 


Players 

MikMod - http: II www.stack.nl/-mikmak/mikmod.htm 

The Mik range of players covers a wide variety of platforms. 

Amiga 
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ModPlug Player (9x/NT) - http : / /www. cast lex . com/modplucr/ 
Mod4Win (3.1/9x/NT) - http://www.mod4win.com/ 
OctaMEDPlayer (9x/NT) - http://www.octamed.co.uk/ 

DOS 


Cubic Player - http : / /www .creocities. com/SiliconVallev/Vista/4107/ 
Multi Music Player - http://www.cerise.ml.org/charles/ 

Mac 

Unix/Linux/Sun/NeXT 

CD-Rippers 

CD2Wav - http://sunny.aha.ru/~aw/ 

Audiograbber - http://www.audioqrabber.com-us.net/ 


Samples 

Soundwave - http://www.volftp.vol.it/soundwave/samples.html 
Only go to this site if you are prepared for some LARGE D/Ls. 

Hyperreal - http://www.hvperreal.com/ 

Tons of samples, inc. the complete TR-808 and 909 sets. There is another 
site, the Drum Samples page, which is missing a lot of the 909 Snares, 
and the 808 Hi-Conga file is corrupt. I recommend Hyperreal. 

SampleNet - http://www.samplenet.co.uk/ 

FTP Server - ftp.futurenet.co.uk/samplenet/ 

The WWW site provides all the links to the files on the FTP site, plus 
descriptions. However, directly accessing the FTP site, whether through a 
browser or an FTP program (make sure it allows D/L of multiple files 
and/or directories), is far faster. 


Modules 


The ModArchive - http://www.modarchive.com/ 

Trax In Space - http://www,traxinspace.com/ 

Mod Heaven - http://www.modheaven.com/ 

If any of the above links are missing or down then contact me so I can 
remove them. If you have any to add, then send me the category and the 

URL. . . 
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Closing Words 

Thanks to.■. - Contributors - Future - 


Has anyone noticed that by tracking you end up hearing more? "Hearing 
more?" I hear you say :v). Yes, I mean that you end up consciously 
noticing effects like panning, and you break music down into its 
component parts. A couple of my non-tracking musician friends tell me the 
same thing happens to them. It's really annoying!!! 

If tracking is to flourish, we need to support each other. If you've 
enjoyed someone s tune and they've left a mailing address, make contact, 
and let them know. If you've never had the experience of a complete 
stranger telling you they've enjoyed your tune (even if it's one you 
can't stand and think is crap) then you don't know just how good it 
feels. Just a short mail saying "xxxxxx was really good" or "I really 
liked xxxxxx" is enough, how hard can it be? 

Those of you who have been following this project from the beginning may 
have noticed that this version contains less information than previous 
versions. After a good deal of feedback and thought I removed the 
sections that documented the features of individual trackers, players, 
samplers etc., along with the history section. These have been deemed 
unnecessary, although the history section alone could fill an entire book 
(anyone fancy taking on that as a project?). 

That s all folks, the end of The Tracker s Handbook. I hope you've 
enjoyed it and found it useful. All that remains is for to send out my 
thanks to the following people, for their help in producing this. 

Thanks to. .. 


(In no particular order) 

OverFuse - For being the guy behind the writing of this, if it wasn't for 
his enthusiasm in wanting to quickly find out what to do this would never 
have been started. 


LeftField - For great music to listen to while writing this. Leftism is 
one of the greatest albums ever - if you don't have a copy then get one 
ASAP . 


Tony Horgan - For getting me started in tracking and for all the tips and 
samples given in CU Amiga, they were really invaluable to a beginner. 

Kim - For including this file on his great (and visited a lot) page. This 
really got everything started. Funny how I haven't yet received any 
e-mail from you! 


Closing Words 
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MAZ - For encouragement, samples, including this file on his page, and 
the great idea for the ZIP file name. 

Kosmos - For encouragement, suggestions, pointing out that it should be 
called The Tracker's Handbook (not Trackers), UT News letter 
announcements and for the HTML version on the UT Web Site. 

Rubz - For putting the advert for Hertz in Future Music. Also for tons of 
help and contributions. 

Dr. Avalance + Howard the Duck - For the HTML version. 

Future Music - This is legendary eh? Woo! Thanks! 

Contributors 


(In no particular order) 

Darren Irvine, Jeremy S Rice, Radix, SquareMeister, Kupan, Pulse, Ilpo 
Karkkainen, ToalNkor, Stereoman, Dan Nicholson, Greebo, MAZ, Barry 
Nathan, Rich "Akira" Pizor, Novus, Louis "Farmer" Gorenfeld, Dr. 
Avalance, Rubz, Toodeloo, Linus Walleji, Kosmos, Trinity, Ganja Man, 
Airon, Vitor Pinho, Spatulaman, Sir Garbagetruck, Bonehead, Kevin Krebs, 
T-Jay, MaXimizer, phume, Captain Paradox, Asatur V. Nazarian, XRQ, 
DNATrance. 

Future? 

I want to include some more ASCII art dotted around the place, to 
disperse the text a little. Because this is a multi-platform document, I 
can't allow any ANSI/Hi-ASCII. If you've got something you'd like to 
include then send it to me, thanks. Argh! Please could whoever did The 
Handbook logo get back in contact! I forgot to record your name and 
e-mail when I got your message! 

Remember, be yourself, track for yourself. 

If you don't enjoy what you do then why do it? 

* * 

* 


Thanks to. . . 
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Glossary 


A 

Analogue 

Voltage controlled as opposed to pulse controlled. Analogue sound can 
more easily be used to accurately represent the original sound that it 
recorded than digital can. The disadvantage is that analogue has more 
imperfections in the sound. 

Arpeggio 

A method used by synthesisers that did not have enough voices to 
constantly have chords playing (like the SID which only had three 
voices). Instead, it would rapidly play the notes in sequence by taking 
the instrument and sliding it past the three notes rapidly. This effect 
is still used to reproduce that sound. 

Art Of Noise 

(Information needed) 

AWE32/64 

Basically an SB16 with wavetable synthesis built in 

B 

BPM 

Beats Per Minute 

Buffer 

A buffer is used in many players to store extra music data in case 
something slows down the computer. It can still read from the buffer and 
play the music. 

BUZZ 

Windows 9x Realtime Synthesis Tracker. 


c 

CD DA 

Compact Disc Digital Audio 

CDQuality 

44.1kHz, 16Bit, Stereo sound. 

Centralise 

To centre a wave on the 0 mark. 

Channel 

What notes are put on in a tracker. In earlier trackers, one channel 
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could only have one note at a time (one note would cut the other off). By 
using NNAs, one note on a channel can ring out past another note on the 
same channel. 

Chip tune 

A module that is made to sound like an early computer music synthesiser, 
usually sounding like the Commodore 64 (SID), or Game Boy sound chips. 
However, this has come to mean any module that is small in size, usually 
anywhere from 5 to 20kbytes. 

Clipping 

When a sample is amplified up so that the peaks of the waveform go past 
the maximum level allowed and gets flattened out. 

Column 

A section of a channel. The first column is the notes column which keeps 
track of the note (AG) and the octave (09). Between the note and the 
octave, there is either a dash () or a number sign (#). The number sign 
says that the note is sharp. The second column is the sample/instrument 
column. This column says what sample or instrument number is used to play 
the note. The third column is the volume column. This is the volume (in 
the 064 range) that the note is played at. In recent trackers, this can 
also be used for limited effects. The fourth column is the effects 
column. This starts with the number of the effect (for example, 3 is 
slidetonote) and ends with a number which is how the effect will operate. 
34A would mean that the sound would slide into this note with a speed of 
4A. 

Composer 669 

DOS Tracker, capable of 8 channels, text mode layout. Similar to 
Multichannel Tracker. 

Cross fading 

This technique is used to fade out one sound while another fades in 
(preferably at the same rate). The result is that one sound fades into 
the next smoothly. 

Cubic Player 

MOD player for DOS. 

Cut off 

The point in which a filter starts to gradually cut frequencies out of 
the sound that are above the point in a low pass filter. 

D 

D/L - Download. 

When you transfer a file from another computer connected to yours. 

DeliTracker 

Amiga based player 
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Digital 

A method in which messages are sent between electronic parts using pulses 
of electricity instead of a constant flow which varies in voltage 
(analogue). Digital sound is usually more pure than analogue but does not 
reproduce the actual sound as accurately. 

Digital Tracker 

(Information needed) 

Digitrakker 

Coded by NFactor. Uses the MDL file format. Similar capabilities to 
Fasttracker 2 but with a different interface. 

DMF - XTracker module. 

Can be 32 channels 

DSM - Dynamic Studio module 
Duplicity Check 

A method of controlling NNAs. If one note encounters another that matches 
the check criteria, it will take a different action than usual such as 
fading it instead of cutting it. 

Dynamic Studio 

(Information needed) 

E 

Eagle Player 

Module player for the Amiga. Supports a huge range of formats and 
variations. 

Envelope 

How a sound is controlled. Some envelopes are graphical and have various 
nodes, or joints, that have lines drawn between them to show how that 
aspect of the sound will behave. Some other envelopes are ADSR types. 

This stands for Attack (how quickly the sound approaches). Decay (how 
quickly the sound fades out), Sustain (how long the note is held before 
it falls), and Release (how quickly the sound is released when it stops). 

Equaliser, EQ 

Alters the sound so that some frequencies may be boosted and others may 
be muffled, like more complex bass and treble settings. 

F 

FAR 

Farandole Composer module. Can be 16 channels with a maximum of 64 
8Bit/16Bit Samples. 
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Farandole Composer 

Coded by Daniel Potter of Digital Infinity. Supports GUS only and has a 
builtin sample editor. Edits 16 tracks, 64 instruments, an own command 
set (does not claim to be PTcompliant), 8 and 16Bit sample support, 
sample size up to 1 Meg. Features separate volume column and track 
panning. Able to display all tracks on screen simultaneously by taking 
advantage of SVGA 132x50 mode. 

Fasttracker 

Coded by Mr H of Triton. Edits 4, 6 or 8 tracks, 31 instruments, 8Bit 
samples of 64KB maximum size, ProTracker command set, track panning 
supported by external players, 100 patterns. Relatively simple, easy to 
use tracker, which is good for starters, but it suffers from its output 
formats' deficiencies. Partly mouse driven. 

Fasttracker II 

Coded by Vogue and Mr. H of Triton. The first PC tracker to introduce 32 
channels and volume/panning envelopes. Has it's own built in WAV writer, 
useful for producing audio CDs or for mixing samples for 4 channel MODs. 

Filter 

Anything that throws out some and keeps some parts of a sound like a 
sieve. 

Flange 

An effect that is created when the same sound is played over itself but 

one of the copies is offset very slightly. After the initial offset 

(which is not required but is nice so the note isn't twice as loud at the 
beginning), an extremely slight pitch bend will produce a "whoosh" sound. 
This effect used to be done with reel to reel tape recorders by slowing 

down one reel and then releasing it to let it catch up. 

FLTx 

StarTrekker module. 

Frequency 

The number of cycles a wave makes in a second, can also mean the pitch in 
samples per second. 

G 


Gain 

How much the amplitude is increased by an amplifier. 

Gated 

If a sound is gated, then it alternates between a high and low volume 
very quickly. 

Global 

A setting that effects everything. 
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Grave Composer 

(Information needed) 

Graoumftracker 

Atari Falcon 030 tracker. 32 channels and many editing functions. FFFF 
possible values for each effect. Internal 24bit mixing, 16bit 50KHz 
stereo output. Interpolation can be set on individual tracks. Sample 
writer, flanger, automatic chords, delays. 

GT2 - New Graoumftracker module. 

GTK - Old Graoumftracker module. 

GUS - Gravis Ultrasound. 

A hardware mixing sound card favoured by many in the demo scene. 
Unfortunately, the GUS is not produced any more. 

H 

Hard Pan 

When a sound is Hard Panned Left, it will only come out of the left 
speaker in a stereo system and vice versa for Hard Pan Right. Hard 
Panning can be very painful to listen to with headphones. 

Hardware mixing 

When a MOD is mixed by a sound card. Allows even slow computers to play 
back high quality sound, due to the minimal CPU load. The Paula chip in 
the Amiga does this. 

Head Tracker 

(Information needed) 

Hex 

A system of numbers that many trackers use so that higher numbers may be 
fit into less digits. This system counts from 0 to 9 like the normal 
system, but then counts from A to F before looping over to 10. 

High Pass 

A filter used to cut out low frequencies and allow high frequencies to 
'pass' through. 

HMI, HMP 

Human Machine Interfaces MIDI music files. 

HSC 

FM synth music used by many old games, e.g.: FINTRIS, Rol Crusaders. 

I 
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Inertia Player 

MOD Player for DOS. (Information needed) 

Instrument 

An instrument is the data used to affect the playback of a sample without 
the need for an effect. In the original trackers, the instrument 
information was the sample volume, fine tune, and loop, and it was held 
within a module. The sample could only be saved as a sample and it would 
lose volume and fine tune information (I think samples with loop 
information would retain this when saved, am I right?). 

Now, with the more advanced trackers, an instrument consists of one or 
more samples with things like volume envelopes, panning and vibrato all 
included. These instruments can be saved and they retain all of their 
original information. 

Interpolation 

A technique used to make sound smoother and take out the high pitched 
ringing sound that occurs when a sample is played below the sampling rate 
by drawing straight lines through the points instead of "stepping" 
through the sample. Some interpolation draws curves instead, giving 
clearer sound. 

IMHO 

All modem users should know this one, which originates from the dawn of 
modems. IMHO stands for In My Honest/Humble Opinion. 

Impulse Tracker 

Coded by Jeffrey Dim a.k.a. Pulse. Current version is 2.14p4. Impulse 
Tracker is no longer being updated, due to the piracy that happened when 
the stereo WAV writer was released. Patch 4 of Impulse Tracker includes a 
Direct X driver for those sound cards not directly supported. The 
Direct X driver also allows for supported PCI sound cards to be used 
without needing extra software or hardware. 

IT 

Impulse Tracker module. 

ITI 

Impulse Tracker instrument. (Actually these can have any extension or 
none at all, but the manual refers to them this way, I think it might be 
something to do with the file header.... hang on a moment... nope! The 
header uses IMPI). 

ITS 

Impulse Tracker Sample. See ITI, except the header uses IMPS. 

IFF 

Interchange File Format. A very flexible format generally used on the 
Amiga. Sound samples are generally stored as a subset of IFF called 8SVX. 
8SVX can only store 8bit mono samples it can hold the sample rate but 
very few programs that can save 8SVX samples actually do this. 
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J 

K 

L 

LFO, Low Frequency Oscillator 

An oscillator that puts out a frequency so low that it is inaudible. This 
is usually used like an envelope. A neat experiment if you have your 
computer hooked up to speakers is to take a sine bass, keep playing it 
lower and lower until you can't hear it, then turn up the volume and the 
bass (with a boost perhaps) on your stereo. Take the cover off your 
speaker and watch it move. Be careful not to blow out your speaker! 

Linear Slides 

A method of calculating pitch slides used in recent module formats that 
are constant from one sample/speed/pitch to the next. 

Loop back Point 

A point in the pattern that the player will go back to when a loop back 
command for that point is executed. 

Lossless Compression 

A compression technique that makes the file size smaller without 
sacrificing sound quality. 

Lossy Compression 

A compression technique that sacrifices sound quality to make the file 
smaller. 

Low Pass 

A filter that cuts out high frequencies and allows low frequencies to 
'pass' through. 

M 

M.K. 

ProTracker/Noisetracker module. M.K. are the initials of the programmers 
Mahoney and Kaktus. 

MacMikMod 

(Information needed) 

MacModPro 

(Information needed) 

MadTracker 2 

Coded by MadHouse. MT2 was designed with the aim of reducing the gap 
between trackers and "professional" music programs. MT2 introduced some 
new features, and brought old ones up to date drum patterns, proper 
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mixer, stereo samples (yes!) and real time effects (delay, filters, 
flange). Runs under Windows 9x/NT. MT2 is fully functional shareware, 
with the standard registration giving a personalised key that saves your 
name etc into the module. Professional registration also includes a WAV 
writer, and any new pro features that get introduced. 

MDS 

MIDI music used by MageSlayer game. 

MED 

Music Editor or OctaMED module, can be 64 channel with full panning. 

Meditor EPSILON TR3 

(Information needed) 

MegaTracker 

(Information needed) 

Midas Player 

(Information needed) 

MikMod 

(Information needed) 

MMDO 

OctaMED module 

MMDl 

OctaMED module 

MMD2 

OctaMED v5+ Module 

MMD3 

OctaMED SoundStudio Module 

MOD 

Possibly the most diverse module format around. Just because a file has 
"MOD" on the end doesn't automatically mean that the file is a four 
channel 15/31 instruments module... oh no! There are many different forms 
of MOD around; Fasttracker MODs for example can have more than 4 
channels. 

Mod4Win 

A MOD player for Windows 3.1 upwards. Very popular due to it's 
compatibility and features. 

ModEdit 

(current version reported to be v3.01) Coded by Norman Lin. Supports SB, 
DAC and the internal speaker using Mark J. Cox's playing routine (it runs 
even on 286 PC's). Only edits the M.K. format. Mousedriven menu 
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interface. This editor's main quality is its sortofmusical notation. 
Whereas almost all other trackers display the tracks vertically and notes 
are only discernible by their key character, ModEdit displays the current 
pattern horizontally and the notes on a vertical spread. This editor is 
old but could suit some people to get started on. It has a very good 
documentation, which can unfortunately be a bit misleading at times, 
however. 

ModPlug 

A range of module programs by Olivier Lapicque. Mod Plugin is a plugin 
for browsers so you can listen to MODs embedded in a web page. ModPlug 
Player is the most feature packed MOD player for Windows 9x/NT. It also 
has the best sound quality of any player yet. ModPlug Tracker is a 
Windows 9x/NT tracker. 

Modulation 

Changing an aspect of one sound using the data of another one. 

MT2 

MadTracker 2 Module 

MTI 

MadTracker 2 Instrument 

MTM 

MultiTracker Module 

Multichannel Mode 

A mode where when a note is entered in a channel that has multichannel 
mode on, it will enter it and then skip to the next channel with the mode 
on. 

MultiTracker Module Editor 

Coded by Daniel Goldstein a.k.a. Starscream of Renaissance. Supports GUS, 
SB and SB Pro. Edits up to 32 tracks, 31 instruments, features the PT 
command set (which is not completely compatible), 8Bit samples (MTM 
format can store 16Bits). Features track panning. Imports raw samples and 
GUS patches (only in the registered version). 

N 

NNA, New Note Actions 

These allow more than one note to be played in a channel at the same 
time. 

Noise Tracker 

The first Soundtracker clone to be released after the original, written 
by Mahoney and Kaktus. 

Normalise 

To amplify the wave as far as it will go without clipping. 
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NST 

A MOD file produced by Noise Tracker, can hold 4 channels and 15 8 Bit 
instruments. 


0 

OctaMED 

8 channel tracker for the Amiga with very good MIDI support. Coded by 
Teijo Kinnunen 

OKT 

Oktalyzer Module, can be up to 8 channels with 255 7/8Bit instruments. 

Oktalyzer 

(Information needed) 

Oscillator 

A device that produces a sound by vibration. 

Oscilloscope 

A device that shows visually what waveforms look like. 

Order 

The list that controls the order in which the patterns of a module will 
be played. 

P 

Panbrello 

Pans the sound around like vibrato. 

Panning 

Panning refers to the volume at which a sound is played out of two 
separate speakers. If the sound coming out of one speaker is louder than 
the other then the sound will seem to be closer to that speaker. 

Pan Swing 

A setting that makes the sound pan around from note to note. 

Pattern 

Every MOD is split up into a number of patterns. A standard ProTracker 
MOD can only have 64 rows per pattern. 

Paula 

The sound chip that started it all off, allows 4 mono or two stereo 
channels to be played back in 8Bit at a maximum of 30kHz. 

Physical Channels 

The number of channels used in a module without accounting for extra 
channels used for fades by NNAs. 
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PitchPan Separation 

This will change the panning position depending on the pitch. The 
PitchPan centre is the note where the instrument will be played in the 
middle. To either side, the notes will be panned by an amount depending 
on the pitchpan separation value. 

PlayerPro 

Mac tracker. Current version is 4.5.9 

Polytracker 

(Information needed) 

Portamento 

Pitch bending/sliding. 

Primary Tempo 

In a MOD, the primary tempo is the one that can be set in BPM, usually 
between 31 and 255. 

ProTracker 

Coded by the Amiga Freelancers. 

PSM 

Module music used by Epic MegaGames Pinball, Jazz JackRabbit, etc. 

PTM 

Polytracker module 

Pulse Wave 

Kind of like a square wave, except not so even in the time periods. 


Q 


Quantisize, quantisization 

Refers to the accuracy of the timing of notes when they are recorded in 
real time. In a MIDI sequencer notes can be quantisized to a very 
accurate level, in a tracker, the faster the overall speed the more 
accurate realtime input will be. 

R 

Real Tracker 

A DOS based tracker which can use two effects columns (not just an effect 
column and a volume column). Graphical Windows like interface which can 
go up to 1280x1024. Current version is 2.23 

Ripped, ripper, ripping 

A ripped sample is one taken from a module, game, demo, or application, 
generally done without the authors permission. A ripper is a program that 
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rips samples (and/or other data) out of module, game, demo, or 
application. Ripping refers to the process by which data is ripped, 
either by hand or by using a ripper. The ethics of ripping have been 
discussed over the years, and it is generally agreed that if you rip 
something out of someone else s work, you should also allow others to rip 
things from your work. You should also credit the person you ripped the 
data from by mentioning their name in your file. Usually ripping is only 
done on noncommercial files like modules and demos, due to the legalities 
involved if the data you rip is copyrighted. 

Row 

A single line of a pattern 

RTI 

Real Tracker instrument 

RTM 

Real Tracker module 

RTS 

Real Tracker sample 


s 


Sample 

A digital image of an analogue sound. Samples can be looped and played 
back at different pitches. A sample can also be one amplitude measurement 
in a digital recording. 

Sampling Rate 

The time interval which specifies how often amplitude measurements 
(samples) of a source are taken at in a digital recording. A digital 
recording will not accurately measure frequencies above half of the 
sampling rate. The higher the rate, the more real the sound sounds. 

Saw Wave 

A waveform that zigzags, rising slowly and then dropping quickly. 

/ I / I / I / I 


SB 

SoundBlaster. Most PC trackers can use one of these. A standard 
SoundBlaster can only play back 8Bit mono sound, at a maximum frequency 
of 22050 Hz. There are ranges of SoundBlaster versions, from 1.0 to 2.0. 


SB Pro 

SoundBlaster Pro. The next step up from the original allows 8 Bit sound 
at a maximum frequency of 44100 Hz in mono, and 22050 Hz stereo. 


SB16 

SoundBlaster 16. The next step after the SB Pro allows 16Bit mono or 
stereo sound at a maximum frequency of 44100 Hz. 
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SB32 

SoundBlaster 32. The first SoundBlaster card to have onboard memory. 

Secondary Tempo 

This is pretty complex. The Secondary Tempo controls the number of ticks 
per row. The less ticks, the faster the BPM. But not in all trackers. If 
you use OctaMED and you set the Primary Tempo to SPD not BPM, it seems to 
work the other way around! The more ticks the faster the BPM why is this? 

Scream Tracker 3 

A hybrid tracker that can use both samples and FM synthesised sounds (it 
can only use a SB for FM). Scream Tracker 3 was the first tracker to use 
both FM and digital sounds together. Current version is 3.21. 

Sine Wave 

A waveform that curves smoothly and evenly in an Sshape. 

Sinusoidal 

Having to do with sine waves. 

Software mixing 

When all the mixing of the MOD is done via software before being passed 
to the sound card for playing. 

Song 

(No I'm not mad!). A song in tracker terms refers to a module that 
doesn't contain any samples. Songs originated back when disk space was 
limited. They allow a composer to track and save modules which will 
automatically load the samples when needed. The earliest trackers worked 
only with songs, and you had to collect the various sample disks in order 
to play them back correctly. 

Sound Tracker 

The first tracker. Only had 5 effect commands and came with two disks of 
samples! Strange as it may seem, this was a commercial program marketed 
by Electronic Arts. It was coded by Karsten Obarski and released in 1987. 

Sound Tracker Pro 2 

The second version of Sound Tracker, released in 1996. Has a similar 
interface, but can only save MODs in its own proprietary format, which is 
completely incompatible with the old one. 

SoundStudio 

Basically a "professional" version of OctaMED, coded by Teijo Kinnunen, 
which allows up to 64 channels, panning, an effect command for playing a 
sample backwards, plus a WAV writer. Originally released for the Amiga, 
SoundStudio is currently being ported to the PC. One cool feature that 
SoundStudio allows over practically all other trackers is its ability to 
use stereo samples. 
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Square Wave 

A waveform that jumps sharply but evenly from one extreme value to the 
next. |_I"I_|"| . 

StarTrekker 

Amiga based tracker. Supports 8 channels 

STM 

Scream Tracker module 

Stone Tracker 

(Information needed) 

S3I 

Scream Tracker 3 instrument 

S3M 

Scream Tracker 3 module 

Symphonie 

(Information needed) 

T 

Tempo 

The speed, at which a tune is played, measured in BPM. 

Tremolo 

Like vibrato, but for volume. 

Triangle Wave 

A waveform that zigzags, like a sine wave but with only straight lines. 

AAAA 

U 

U/L 

Upload. When you transfer a file to another computer connected to yours. 

ULT 

UltraTracker module 

UltraTracker 

Coded by MAS of Prophecy. Only Supports GUS. Edits up to 32 channels, 8 
and 16Bit samples, variable C2Spd with fine tune, bi directional looping, 
instrument panning, 255 patterns, subset of the PT commands, two effect 
slots per note. Builtin sample editor. Mouse driven. 

UNIS669 

8 channel text mode tracker. 
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UT 

United Trackers. An organisation formed to try and bring the tracking 
scene together. 

V 

Vangelis Tracker 

(Information needed) 

Velvet Studio 

DOS based tracker with a lot of features. Graphical interface. Current 
version is 2.01 

Vibrato 

The modulation of the pitch of a sample with a certain depth and speed 
controlled by a certain waveform (LFO) that increases from 0 at a certain 
rate. 

ViperMAX 

A GUS clone. Not in production any more. 

Virtual Channels 

Channels that are created but not shown on the editor to play more than 
one note simultaneously on the same physical channel. 

Volume Ramping 

A technique used by some players to take out clicks by sliding the volume 
of a note down very quickly (at a high rate too so it doesn't cause 
further clicking) instead of just cutting them. 


w 

wow 

Grave Composer module 

wss 

Windows Sound System, allows 64kHz 16Bit Stereo audio. A lot of cheaper 
sound cards will allow SB Pro and WSS compatibility. Unfortunately, there 
are very few DOS trackers that support it. So anyone with one of these 
cards who uses a nonWSS tracker is stuck with 8Bit 22.05kHz Stereo, 

44.1kHz Mono SoundBlaster Pro. 

X 

XTracker 

Written by DLUSiON. Text mode interface similar to Borland s Turbo range 
of development products uses windows and mouse. Shareware 

xCHN 

Fasttracker 1 Module 
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XI 

Fasttracker II instrument 

XM 

extended Module Fasttracker II module 

XMI 

The Miles extended MIDI, used by Miles sound system. 

XP 

extended Pattern Fasttracker II pattern 

XT 

extended Track Fasttracker II track 

Y 

Z 

0 

1 

2 

3 

4 

5 

6 

669 

Module format used by a variety of early PC trackers. Can be 

7 

8 
9 


channel. 
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